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CHAPTER I
INTRODUCTION

Emerson Foulke*

Of all of the forms of communication in which humans engage, perhaps
the most important is that which depends upon the interaction of one or
more speakers and one or more listeners. However, we have tended
to take it for granted, and we have not subjected it to the intensive
scrutiny given to other forms of communication, such as written com-
munication,

Throughout most of man's history, proximity has been a necessary
condition for communication between speakers and listeners. However,
because of the radio and the telephone, both of which have been devel-
oped larg=ely within this century, spatial proximity is no longer a nec-
essary condition and, because iiluman speech can now be recorded for
subsequent reproduction, temporal proximity is no longer a necessary
condition either.

Until recently, there has been no way to gain significant control over
the rate of communication between speakers and listeners. This rate
has been determined primarily by the cognitive and articulatory limi-
tations of speakers, and has not been amenable to the preferences or
capabilities of listeners. However, with the advent of methods such
as the one described by Grant Fairbanks and his co-workers at the
University of Illinois (Fairbanks, Everitt, & Jaeger, 1954), it has be-
come possible to vary the rate of recorded speech without materially
affecting its other parameters.

In the past few decades, there has been a growing awareness of the edu-
cational importance of the communication that takes place between
speakers and listeners, and of the possibilities afforded by modern
communication technology for increasing its flexibility and efficiency

as an educational tool. One manifestation of this new awareness is the
growing number of courses offered in educational and industrial set-
tings for the purpose of improving listening skills. A special interest

*Dr. Emerson Foulke, Director of the Perceptual Alternatives Labora-
tory, University of Louisville, is Editor of the Proceedings of the Sec-
ond Liouisville Conference on Rate and/ or Frequency-Controlled Speech.,
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has been expressed by those concerned with the education of children
who, for whatever reason, must place extraordinary reliance on speak-
ing and listening in order to communicate. Blind school children, for
instance, depend heavily upon reading by listening because they cannot
read print and because they read braille su slowly. There is an increas-
ing awareness on the part of educators of the large number of children
without visual impairment who have serious reading problems that do
not yield to remedial efforts, and the advantage they might gain from
reading by listening is beginning to receive attention. Much of the in-
struction provided bv college and industry depends upon aural commu-
nication, and the feasibility of increasing the rate of recorded speech
suggests intriguing possibilities for more efficient utilization of the
limited time available for instruction.

The ability to reduce the rate of recorded speech may also be valuable,
Word rates that are slower than normal may, in sowe cases, be more
compatible with the cognitive abilities of mentally retarded children.
Students of foreign language and individuals with problems of articula-
tion may profit by the opportunity to hear the phonetic components ot
spoken words at a slower rate. Recorded speech presented at a rate

that is slower than normal may afford a technique for pacing slow readers
or students of typing. Secretaries may be able to transcribe recorded
dictation more efficiently when they listen to speech, the word rate of
which has been reduced.

The first method for altering the word rate of recorded speech to receive
the attention of investigators (Fleicher, 1929; Klumpp & Webster, 1961)
was the reproduction of a tape or record at a different speed than the one
used during recording. This method achieves the desired effect as far
as word rate is concerned. Reproduction at a faster speed increases
word rate, while reproduction at a slower speed reduces word rate.
However, in either case, serious distortion is introduced that soon ren-
ders words unintelligible., Fortunately, the method developed by Fair-
banks et al, is now available. This is a sampling method in which
periodic samples of a recorded signal are reproduced in order and with
temporal contiguity. If the duration of the samples discarded by this
procedure is brief enough, the ear will not be able to detect their absence,
and if the time required for the reproduction of each critical feature of a
speech signal is greater than the time represented by each discarded
sample, it will be impossible for the critical feature to fall entirely with-
in a discarded sample. These conditions are satisfactorily met when
discarded samples are 30 milliseconds (msec.) in duration or less, and
the result is speech, the word rate of which has been increased without
distortion in pitch or voice quality, A recorded signal may be expanded
in time by reproducing overlapping samples of that signal and the result
is a reduction in word rate without pitch distortion.




The control of syeech rate that was made possible by the commercial
availability of equipment for samnpling speech in the manner just de-
scribed has stimulated a great deal of research concerning the effect

of speech rate on the intelligibility of words and phrases, and the
comprehensibility of fluent speech (Fairbanks, Guttman, & Miron,
1957c; Fairbanks & Kodman, 1957; Foulke, Amster, Nolan, & Bixler,
1962; Foulke & Sticht, 1967a; Friedman, Orr, Freedle, & Norris,

1966; Garvey, 1953b; Orr & Frierdman, 1964). Experimental attention
has been given to a variety of questions in which word rate figures as a
factor. There has been an accumulation of experimental results which
support the general conclusion that speech may be presented at a rate

in the neighborhood of 275 words per minute (wpm) with the expectation
of satisfactory comprehension, and if an appropriate training experi-
ence can be devised, comprehension of speech at much higher word rates
may be possible as well. Because of these findings, many people have
begun to give serious consideration to the benefits that might be realized
by the use of rate-controlled recorded speech and there has been a stead-
ily increasing interaction between researchers and educctors in develop-
ing its practical applications. In addition, those interested in basic
research on the perception of speech have taken advantage of the oppor-
tunity to control speech rate while holding other parameters constant
(Foulke & Sticht, 1967a; Friedman & Johnson, 1968; Miron & Brown,
1968; Overmann, 1969; Wilson, 1969).

The first Louisville Conference on Time-Compressed Speech was con-
vened at the University of Louisville on October 19, 20, and 21, 1966,

The Conference was presented under the joint sponsorship of the Library
of Congress and the University of Louisville, with additional financial
support from the Office of Education. A volume containing the proceed-
ings of the Conference, and an extensive list of references to the research
literature on rate-controlled recorded speech, was prepared and distrib-
uted. This volume has proved to be a valuable source of information for
those interested in rate-controlled recorded speech.

Another outcome of the Conference was the appointment of an implemen-
tation committee, charged with the responsibility of promoting action on
recommendations developed during the Conference. One of the most
urgent recommendations of the Conference was the establishment of a
national center from which rate-controlled speech could be obtained. In
response to this recommendation, the Center for Rate-Controlled Re-
co dings was established at the University of Louisville, under the di-
rection of Dr. Emerson Foulke, with the implementation committee
serving as its Advisory Board. Since that time, the Board has met two
or three times each year to discuss the development of rate-controlled
recorded speech as a tool for research and education, to review the
activities of the Center, and to participate in the formulation of new Cen-
ter projects.




Another urgent recommendation of the first Louisville conference was

for the development of a mechanism for disseminating information

about rate-controlled recorded speech to those interested in its appli-
cations. In response to this suggestion, the Center undertook the pub-
lication of a monthly newsletter which reports research plans and findings,
new applications, equipment development, and other information of in-
terest to workers in the field. In addition, the Center fills requests for
research reports and demonstration tapes containing samples of recorded
speech, compressed or expanded in time by the several known methods,

Since the first Louisville conference, there has been a rapid growth in
the level of interest and activity concerning rate-controlled recorded
speech. Accordingly, the Center's Board decided to convene a second
Louisville conference to serve this interest and the related interest of
frequency-controlled speech. The Second Louisville Conference on Rate
and/or Frequency-Controlled Speech was held at the University of
Louisville on October 22, 23, and 24, 1969, under the sponsorship of
the University of Louisville, with financial support from the American
Founcation for the Blind, the Library of Congress, and the Office of Edu-
cation. This Conference was attended by approximately 125 people,
representing such fields as psychology, linguistics, education, educa-
tional administration, library science, engineering, and industry. The
Conference program consisted of reports in three categories: basic re-
search concerning the perception of time and/ or fregquency-controlled
speech; technical reports concerning the production of time and/ or
frequency-controlled speech; reports of practical applications of such
speech in educational, industrial, and other settings. A preconference
workshop was held for the purpose of providing some exposure to relevant
terms and concepts for those unfamiliar with the area. The first confer-
ence day included a luncheon meeting with Dr. A. Hood Roberts as the
guest speaker,

This volume contains the 33 conference reports. Since there was con-
siderable overlap in the references cited by authors, it was decided not

to include a list of references at the end of each report. Instead, the
references cited by authors have been combined into a single list. This
list has been augmented by entries from the reference file maintained by
the Center for Rate-Controlled Recordings, and from a list of references
prepared by Dr. Daniel S. Beasley, Department of Audiology and Speech
Sciences, Michigan State University, and Dr. Willard R. Zemlin, Voice
and Hearing Sciences Research Laboratory, University of Illinois. This
list of references, though possibly not biblicgraphic in scope, is extensive,

*Dr. A. Hood Roberts is affiliated with the Center for Applied Linguistics,
Washington, D.C. The title of his luncheon address was ""Automation
and Speech. "
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and it is hoped that it will serve as a valuable resource to those wishing
to read in the area,

In some cases, Conference reports were written by more than one au-
thor. Unless otherwise indicated, these reports were presented by the
senior authors. Dr. Daniel Ling and Dr. Paul Resta were scheduled
to make reports to the Conference. Due to circumstances beyond their
control, they were unable to attend the Conference. Nevertheless,
their reports have been included in this volume.

Mr, Stephen F. Temmer, President of Infotronic Systems, Inc., re-
ported on the Information Rate Changer, Mark III, which will be avail-
able for distribution by Infotronic Systems before long. The Mark III

is a completely redesigned machine, Unlike previous models, it is

not restricted to the reproduction of tape recorded at 15 ips. Further-
more, if desired, the pitch of the recorded speech signal can be varied
without affecting word rate. His report has not been included since it
was an informal demonstration of the capabilities of the Information Rate
Changer, Mark III,

The preconference workshop was presented by Dr. Willard Zemlin, Dr,
Emerson Foulke, and Dr. Robert Scott. Dr. Zemlin presented a discus-
sion of the mechanisms involved in speech production and hearing, and
of acoustical energy containing speech information, Dr. Foulke explained
the compression or expansion of speech by the sampling method and de-
scribed the manner in which it is accomplished by electromechanical
compressors of the Fairbanks type. Dr. Scott described the general
procedures involved when computers are used for the compression or
expansion of speech by the sampling method. The remarks of those who
conducted the Workshop have not been included in this volume, since they
were made extemporaneously, and since the effort to record them on
tape was not entirely successful. However, no new information was pre-
sented at the Workshop. Its purpose was to provide a background for
inexperienced Conference participants, and the information presented

is generally available elsewhere.
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CHAPTER II
AN INTRODUCTION TO SPEECH TIME COMPRESSION TECHNIQUES:
THE EARLY DEVELOPMENT OF SPEECH TIME COMPRESSION
CONCEPT AND TECHNOLOGY

H., Leslie Crame =%

Introduction

It should be obvious tkat, until it was possibie to record and play back
speech or sound in some manner, it was impcssible to develop axzy sort
of speech compression system. Speech time compression has only been
possible and developed as the technology for mechanical and electronic
acoustic recording has advanced.

There are two parallel developments that have taken place. One is the
conceptual development of time compression., The second is the devel-
opment of audio recording-playback systems, which, although preceding
the development of the concept of time compression, will be taken up in
the latier part of this paper.

The Conceptual Development of Time Compression Methods

Following are findings of some of the significant experiments that led
researchers gradually into the idea of time compressing speech.

One of the earliest experimenters in this field was Harvey Fletcher (1929)
of the Bell Telephone Research Laboratories. In 1929, he published his
findings on accelerating speech phonographically; that is, the playing of

a phonograph record at a speed faster than that at which it was recorded.
Recorded speech played in this manner increases the frequency, re-
sulting in speech which has a '"Donald Duck'" or '"Chipmunk'" effect. At
moderate rates of acceleration, such speech is intelligible, especially

*Dr. H. Leslie Cramer is Senior Research Analyst, Peace Corps, 806
Connecticut Avenue, N, W., Washington, D, C. 20525,



with practice in listening to it. There have been many studies dealing
with the comprehension of speech so produced. However, the remainder
of this paper will be limited to the development of time compression of
speech without attendent frequency distortion, or rise in pitch,

The pattern shown in Figure 2.1 was made on a sound recording instru-
ment called an oscillograph. This is the tracing of the vowel sound

/a/, as in the word ''father.'" A . fundamental cycle or pitch pe-
riod of this voice tracing is rcprese. icc .v the portion between points

A and B, while the portions between 'int: B3-C and C-D represent suc-
cessive pitch periods. The part show -2 1is nly a small part of a
vowel sound, which may have from 20 » 5 cor slete cycles, depend g
on the pitth of a speaker's voice, his : - f sp 2king, and the particular
vowel quken.

Gemelli (1934) in Italy and Peterson (193¢ ‘n tk United States, both ex-

perimented with the time duration of a sh. :me ~~hich is necessary for
it to be properly perceived. Their findin wer : nearly identical; that
is, both discovered that only one or two = :pler: pitch periods of a

vowel sound are necessary for its perc=pt.on anc identification., These
findings made it clear that, at least in vowel sounds, there is a high de-
gree of redundancy in speech.

‘Steinberg (1936) reported that spel_ech rates could be increased by playing
records at accelerated speed without a great loss in intelligibility, at
least with moderate rates of increase. '

In 1940, Goldstein at Columbia University started experimenting with
rate of speech to determine the comprehension of continuous discourse
at gradually increasing increments of words per minute (wpm). He re-
corded lectures at increasing wpm rates and then presented this recorded
material to students to determine how well they could understand it. The
maximurn rate of 325 wpm was produced by partially accelerating a pho-
nograph record which had been recorded at 285 wpm. This was done be-
cause he was unable to find a speaker who could articulate clearly at 325
wpm. The 325 wpm presentation, according to Goldstein, was not, how-
ever, noticeably distorted. He found that his subjects had fairly good
perception and understanding at this high rate. This led to the idea that
our listening speed is primarily limited by the rate of speech production
rather than by perceptual or cognitive structures.

Miller (1946) and Miller and Licklider (1950) experimented with an elec-
tronic switching system for interrupting speech. This process blanked
out alternate portions of speech. With 50% of the speech cut cut, intelli-
gibility fell only 15%.



Figure 2.1. Oscillograph tracing of the /a/ sound of the word
father. (This includes only about one-fourth of the pitch periods of the
/a/ sound.)
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In 1948, John Black, at Ohio State University, conducted research for
the Office of Naval Research (ONR). He was experimenting to determine
the significance of different phonemes for word intelligibility., He sim-
ply used a razor blade to cut pieces out of a recorded tape, splicing the
remaining pieces together. This was done to analyze the contribution of
vowels and consonants to the intelligibility of single words.

It was Black's ~eport on this ONR research which stimulated Garvey and
Henneman (1957) to work on the "cut-splice' method. They reasoned

that Black's cu” and splice method could be used to eliminate part of the
speech recorded on a tape, as Miller and Licklider had done in their
study of electronically interrupted speech. With Black's method, how-
ever, the gaps of silence in Miller and Licklider's process would be
eliminated and a saving in time would result. Their reasoning was sound,
and a highly intelligible speech record was produced at speed-up ratios
from 33% to 400% (1. 25 to 4 times normal).

This method for time compressing speech can best be conceived by visu-
alizing cutting alternate one-quarter inch pieces out of a recorded tape.
Every other piece may be discarded, and those remaining spliced back
together. Such a processed tape would make it possible to hear a half-
hour lecture in 15 minutes because it is literally only half there. However,
because each segment is played back at the speed at which it was recorded,
there would not be the rise in pitch, or ""Donald Duck'' effect. Instead,

the voice would scund normal in terms of pitch, and only the speed, or
wpm rate, would have increased.

Figure 2. 2 shows the comparison of intelligibility of '""chop-splice' pro-
duced time-compressed speech with phonographically accelerated speech
- produced by both Garvey and Steinberg. This figure shows that the Uni-
versity of Virginia ''chop-splice' method (Garvey) produces speech which
remains above 90% intelligible at 2.5 times the input ratio. It may also
be seen from this graph that the phonographic acceleration of speech by
both Steinberg and Garvey does not produce speech as intelligible as the
""chop-splice' method.

After finishing his thesis at the University of Virginia, Garvey was quite
tired of cutting and splicing pieces of tape together. Sometime ago he
stated that he was so sick and tired of recording tape and splicing tape
that he hoped in his entire life he'd never sece another tape splicer or reel
-of tape.

It is fortunate for researchers that within a couple of years of Garvey's
work with the ''cut-splice' method, Grant Fairbanks, W. I.. Everitt, and
R. P. Jaeger (1953, 1954, 1959) at the University of Illinois applied for
a patent on an instrument which would automatically accomplish the same
result in terms of eliminating pieces of speech.
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Fairbanks' method of automatically scanning a magnetically recorded
tape, which reproduces a portion and eliminates another portion of each
speech segment was developed by Fairbanks et al. (1953, 1954, 1959),

Referring to Figure 2.3, tape loop (1) traveling in the direction shown
by arrow (7) passes over erase head (8) and recording head (9). The tape
loop (1) then goes over idler (2), down around the rotating head assembly
(10), between the tape drive capstan (5) and pressure roller (6), around
tension adjusting wheel (3) and back to erase head (8) where it started.
When the compressor is in operation, material on the tape is erased at
erase head (8) in order to record cleanly at the record head (9). The
recorded tape passes the rotating head assembly (10) in the direction
shown by arrow (7). The tape moves faster than the rotating head as-
sembly, so that speech recorded on the tape is picked up by any one of
the four heads (A, B, C, and D) in the assembly over which it is passing.
At the instant when head A leaves contact with the tape, head B contacts
the tape. Everything recorded on the tape wrapped around the rotating
head assembly between heads A and B will not be scanned or played back
by either head A or B and therefore will be discarded. The temporal
length of the unscanned material is referred to as the interval discarded
(I,), while the part played back by each head constitutes the interval
sampled (I ). These two factors can be varied with the Fairbanks equip-
ment so that one may specify either a specified sampling or a discard
interval at any given compression ratio. Of the three factors--com-
pression ratio, discard interval, and sampling interval--two have to be
fixed, =

It may be seen in retrospect that the work of Fletcher, Steinberg, and
Goldstein showed that one could clearly understand speech at rates faster
than speakers are capable of articulating and producing continuous dis-
course. Gemelli and Peterson added experimental evidence that one
need hear only a small part of vowel sounds to properly identify them.
Miller found that alternate portions of speech could be blanked out with-
out a great decrease in intelligibility., Black and Garvey both eliminated
pieces of the speech record without leaving blank spaces so that the wpm
rate was increased without a pitch rise or great loss in intelligibility.
The final synthesis of these findings was their embodiment in the speech
compressor invented by Fairbanks et al. (1959).

*A more complete explanation of Fairbanks' Compressor, complete
with operating formula and peripheral equipment adjustments, is avail-
able in Cramer (1968), pp. 40-51 and pp. 191-203.
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1 - Tape Loop 8 - Erase Head
2 - Idle; Wheel 9 -~ Record Head
3 - Tension Adjusting Wheel 10 -~ Rotating Head Assembly
4 - Mounting Plate 11 - Playback Heads '
5 - Capstan 12 -~ Direction of Rotating
6 - Pyessu;e Roller Head Assembly when
7 - Direction of Tape Loop Compressing
Travel
Figure 2.3. Detail drawing of Fairbanks' compressor. (I'rom

Fairbanks, Everitt, and Jaeger, 1959.)
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The Development of the Technology for Time Compressing Speech

The second major development referred to at the beginning of this paper
relates to the technology for electromechanical recording and playback
of auditory signals. The treatment of this area must necessarily be re-
stricted to that bearing directly on methods of either recording or play-
back that scan or sarnple an original auditory input, or otherwise
translate frequencies up or down the scale. The writer believes that
the coverage of this topic is complete, but will be most interested in
references to any other devices on which patents are held that are not
reported here.

In the following brief review of patents, the dates given in the text will
be the original filing dates, while those in the references represent the
actual date a patent was issued. This seems necessary in view of the
fact that it is the date of conception of the idea that is important, and in
many cases there was a substantial delay in the awarding of the patent.
However, the interested reader needs the date of issue in order to re-
trieve information on the patents.

The earliest record of a speech scanning system is a U, S, patent filed
by N. R. French and M. K. Zinn (1928) in December 1924, This system
proposes to rotate a microphone around a sound pipe or speaking tube
bent in a circle with a slot around its edge (see Figure 2. 4).

This patent, it turns out on analysis, would not work with air as the
sound carrying medium, since the tube would have to be 15 feet in cir-
cumference and scanned at 32,000 rpm in order to accomplish 50% com-
pression. This patent therefore really only represents the concept of
scanning without the reduction to practice normally required in a patent.

In 1930, Berthold Freund (1935) applied for a patent on a device used

for scanning motion picture film sound recordings which could be used to
vary the length of sound records. This was developed for synchronizing
sound to the film track and for shortening the speech record to match a
speeded up porticn of film, without having a pitch rise. This appears

to be the first apparatus capable of actually timme compressing speech,
although no claim for use other than to match film records was made (see
Figure 2.5).

In 1935, Homer W. Dudley (1938) applied for a patent on a signalling
system which sampled every other pitch period of speech and transmitted
it to a distant point. At that distant point, each pitc!l period was re-
peated once to reestablish a wave form similar tot’ original. The
patent made no claim for saving the listener time, as it was only to save
time on transmission that it was developed. This same apparatus could,
without repeating each signal on the output end, compress speech.
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Figure 2.4, Detail from French and Zinn (1928), showing their
Figure 12a and Figure 12b illustrating a rotating microphone sound tube
scanning system,
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Figure 2.5, Detail from Freund (1935), showing his Figure 1 and

Figure 4 illustrating system for scanning motion picture film sound track.
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In 1936, R. L. Miller (1939) applied for a patent on a signalling system
which used frequency division for speech bandwidth reduction. This
patent anticipated the harmonic compressor as worked out recently by
the American Foundation for the Blind.

In 1936, Leonid Gabrilovitch (1939) developed a system for scanning a
steel wire recording with rotating heads. This was similar to Dudley's
in that it was designed to reduce frequencies for transmission. At the
transmitting end of a line, every other segment was divided before
transmission, then at the receiving end it was multiplied in frequency
and repeated once before the next segment arrived (see Figure 2. 6).

In 1938, Eduard Schiiller {1942) patented a similar device in Cermany
which was used for playing back magnetic recordings in less time or

in longer time than that in which they were actually recorded. In his

patent he states:

"If the sound head is rotated in the same direction as that
of the travel of the record strip, . . . an acoustical time
compressing is obtained and the reproduced signal has its
original frequency but is read off in less time than was re-
quired for the recording, "

This is the first clear reference to time compressing speech with the
method Fairbanks later developed, apparently independently.

Figure 2. 7 shows Figures 1 and 2 from Schiiller's patent and greatly re-
sembles others,

In 1944, Gabor (1949) applied for a patent on a device using microscope
lenses in a ring to scan the sound track of a motion picture film. See
Figure 2. 8 for Gabor's diagram of this process.

In 1947, Gabor (1950) developed many ingenious ways of both scanning
and blending adjacent samples of the speech record. See Figure 2,9
for diagrams of some of these. These figures display systems of scan-
ning a track photographically, and electronically. Gabor's Figure 11
shows how lenses are formed by discharging a spark synchronized to
voice pitch periods, through water. The bubbles of gas so produced
are then circulated by a pump past the sound record to be scanned. A
real Rube Goldberg device!

In 1950, Vilbig (1950, 1952, 1967) described a string filter device which
is a physical analog of the electronic harmonic compressor, It could be
used only to compress by a factor of two to one., Figure 2,10 shows a
picture of this complex system.



16

Figure 2.6. From Gabrilovitch (1939), showing his Figure 2
illustrating the rotating scanning heads.

Figure 2.7. From Schuller (1942), showing his Figure 1 illustrating
his rotating magnetic pickup heads.

22
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Figure 2. 8. From Gabor (1949), Figure 1 illustrating his lens drum
used to scan motion picture film tracks.
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Figure 2. 9. From Gabor (1950), Figure 10 and Figure 11 illustrating
his apparatus for scanning a motion picture film track in sychrony with
voice pitch periods. ’
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Figure 2.10. From Vilbig (1950), Figure 1 and Figure 2 illustrating
his string filter analog of the harmonic compressor.
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In the fall of 1952, Grant Fairbanks et al. (1959) applied for their patent
on the compressor system* developed at the Speech Research Laboratories
at the University of Illinois. This system uses the rotating head assembly
shown in Figure 2. 3,

Anton Springer (196la, 1961b; 1962a, 1962b, 1962c; 1963) filed a series
of patents on improvements on the rotating heads and driving mechanisms
starting in 1956. These have been incorporated into the Eltro Tempo
Regulator manufactured in Germany. ** These machines have the advan-
tage of a continuously adjustable compression rate up to 1.7 times normal
wpm rate, but a disadvantage in terms of the long discard interval of 40
milliseconds.

Schimmel and Clay (1963) filed for add’ .:nal imprc- ements cn rotating
heads. This was mainly an air suspen__::z system to reduce tape and
head wear. Gabor (1965) patented a mu_*"2ead system with provision

for synchronizing the sampling to the oc-urence of »nitch periods in the
speech record being processecd.

Robert J. Wenzel (1962) worxing at Mas -achusetts Irstitute of Technoclogy
with John Dupress, developed a jitter zction time compression device
using the ignition timing cam from an a..-mobile as the basic driving de-
vice. This did not work t ‘0o well due to —echanical vibration but may well
deserve renewed effort as it would be an inexpensive system to produce,

Jay Harold Ball (1961) developed the first known computer program for
compressing speech, His work was followed by Scott (1965), H. L.
Cramer and R, P. Talambiras (1970), and S. U. Qureshi and Y. J.
Kingma (1970).

There are reportedly two solid state systems under development using
essentially a long taped delay line for slowing speech and thereby reducing
frequencies below normal.

*This device was first commercially available as the Vari-Vox machine,
manufactured by Kay Electronics, Inc. in New Jersey. It is now com-
mercially available in improved form from Discerned Sound, Inc., North
Hollywood, California. Samples of the speech produced on this type of
machine are available from the Center for Rate-Controlled Recordings,
University of Louisville, Louisville, Kentucky. This Center also has
facilities for processing tapes at any specified amount of compression

at a nominal fee,

*kAvailable from Gotham Audio, New York, New York.
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To suminarize, in terms of available systems today, there are three
different approaches. First, in terms of both discovery and amount of
usage today, is the rotating head assembly system of Fairbanks et al.
Secondly, we have several computer programs, somewhat costly and
not generally available. Thirdly, we have the Harmonic Compressor
developed by the American Foundation for the Blind and now available
at the Perceptual Alternatives Laboratory at the University of Louis-
ville, Louisville, Kentucky.



CHAPTER III
EFFECT O RATE OF COMPRZ=ZSSION AND MODE OF PRESENTATION
ON THE COMPREHENSION OF A RECORDED COMMUNICATION
TO JU: JOR COLLEGE STUDZNTS OF VARYINC APTITUDES

Clement Ccrdell Parker

A problem cc nmmon to most educati nal institutions is to find be-. - tech-
niques to ser: informatior zcross -aedia with speed and reliabili*y  The
probiern is ¢ gravated within junic> colleges because of the incre: sed
heterogenei . of its student population.

A nuraber of studies have been made to determine the r=lationshi- of
rate of presentation with degree of comprehension. Harwood (195%) dis-
covered an insignificant loss as word rate was increased. Fairbzuaks,
Guttman, and Miron (1957c) found little difference in the comprehension
of messages presented at 141, 201, and 282 words per minute (wpm).
The results of these and other studies seem to indicate that while there
is a loss in comprehension with an increase in rate of presentation, the
loss is insignificant up to about 280 wpm.

Sticht (1968) trichotomized 135 Army inductees into three mental apti-
tude categories--low, medium, and high--according to their Air Force
Qualification Test scores. He found that increasing the speech rate had
a greater disrupting effect on test performance of the higher aptitude
subjects than those of low aptitude.

Travers (1964) reports that he and Jester presented reading passages
through hearing alone, vision alone, and both hearing and vision. They
found that at the slower speeds no advantage was found for the audio-
visual presentation, but at higher speeds the audiovisual channel proved
to be superior. Loper (1966) measured comprehension and retention
using two modes: aural and visually augmented aural where televised

*Mr. Parker is Chairrnan of the Department of Speech & Drama on the
Northeast Campus of the Tarrant County Junior College District in

Fort Worth, Texas. He is a candidate for the Doctor of Education degree
at North Texas State University in Denton, Texas. '
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pictorials were used to supplement the aural message. e conclided
that visual augmentation does not provi- e much assis ar :e to an aural
p: < sentation.

c.r.or college students score lowe= on aptitude tests _-an those students
in four year colleges. The research (Cross, 1968) i: -ztional in scope,
uranimous in findings, and is based on a staggering a ~ay of zccepted
m=asures of academic aptitude.

This study was conducted with the hope that an efficie. ~ethod for pro-
cessing information for junior college tudents could b discovered,
thereby increasing their learning and siccess potentiza:

Statement of th= Problem

The problem of this study was to find a more efficier: -vev to store and

transmit recorded information, thereby increasing tf : = ficiency of pro-
grammed learning centers and reducing the time requi =4 for utilization.
More specifically, the problem was to determine the r::z of compres-

sion and mode of presentation having the most favorabl= impact on the
comprehension of a recorded communication to junior college students
of varying aptitudes,

Subproblems included the following: (1) determination to what degree
rate of compression could be increased without significant loss in com-
prehension, (2) determination to what degree rate of comprehension
could be increased with the simultaneous presentation of compressed
speech and the printed page, and (3) determination of the effects of rate
of compression and mode of presentation to students representing all
levels of aptitude, low levels of aptitude, and high levels of aptitude.

Definition of Terms

1., Compressed speech--oral, tape-recorded communication in which
brief segments of the message have been deleted without significant
distortion in vocal pitch or quality. (la) Zero compression, normal
speaking rate; (1b) one-third compression, compressed speech re-
quiring two-thirds of the original time for presentation; (lc) one-half
compression, compressed speech requiring half of original time for
presentation.

2. Audio-ocular--the addition of the printed page to match an aural
message in order to add the factor of sight to a factual presentation.

3. Test of comprenhension--the correct number of responses to the com-
prehension test within Form B of the 1960 edition of the Nelson-Denny
Reading Test.
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4, Tes. [ aptitude--the correct number of responses to the Verbal
Comprer-nsion section of the Guilford- Zimmerman Aptitude Survey.
(4a) All-_evels group, included all students participating in experiment
minus t= - se .aker from the initial sample because of absence during
one - 1= tzsts cr failure to hear all of the selections; (4b) high-level
grouz, -~ .-se students who, within their treatment condition, scored at
or z20 ¢ t 2 sixty-seventh percentile on test of aptitude; (4c) low-level
group, tnose students who, within their treatment condition, scored at
or below the thirty-third percentile on test of aptitude.

Procedure

The eig..: selections within the test of comprehension were recorded by
a profe:z:"onal speaker, and compressed to one-third and one-half de-
grees, - the Center for Rate-Controlled Recordings at the University
of Liouisville. Compression was achieved through the use of a Fairbanks
type compressor. Instructions and a 2-minute practice selection were
programmed into the tapes.

Subjects were 429 students enrolled in the Freshman composition classes
during the fall semester of the 1969-70 academic year on the Northeast
Campus of the Tarrant County Junior College District in Fort Worth,
Texas. KEighteen of the 22 available day sections were selected at ran-
dom, and a table of random numbers utilized to populate the six experi-
mental groups with three sections in each group (about 75 students for
each of the six experimental groups).

The test of comprehension was administered during the first week of
classes in the Language Laboratory within the Programmed Learning
Center. Students were free to select any one of the 30 available car-
rels, and each carrel was equipped with padded earphones which could
be adjusted for comfortable listening. FEach of the output units was
locked into the channel selected for the experiment. A copy of the test
of comprehension was available to all audio-ocular groups, and included
the printed copy of each of the recorded messages. The aural-only
groups received only the test questions. Each carrel was supplied with
pencil, answer sheet, and short questionnaire.

When all Ss were seated, they were asked to place their earphones on
their heads. Programmed instructions began immediately thereafter
with an admonition to adjust the earphones for comfortabie listening and
to confirm ability to hear. Students then heard the 2-minute introduv-tor=
message and the eight selections of the test of comprehension. Students
were allowed 15 seconds per question to answer each of the 36 multiple-
choice items. When *he last test was finished, students were asked to
fill out a brief questionnaire and were thanked for their participation,
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~ubjects were also given the test of aptitude during the first week of
-lasses. All of the tests were administered by the same person in com-
parable classrooms. All tests were hand-scored and the results re-
corded on keypunch worksheets.

Treatment of Data

Three 3 x 2 classifications of data were created. The 3 x 2 schema
~epresented two modes of presentation (aural-only and audio-ocular)
and three degrees of compression (zero, one-third, and one-half). The
Jirst 3 x 2 classification represented the all-levels group, the second
‘he high-level group, and the third the low-level group. Two-way ana-
_ysis of variance yielded the following results:

TABLE 3.1

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION ALL-LEVELS GROUP

Source of Variation SS df MS F
Mode of Presentation 1,428, 35 1 1,428, 35 54, 73%
Rate of Compression 1,101,453 2 550, 71 21.10%
Interaction 349,97 2 174, 99 6. 70%
Within 11, 040, 34 423 26.10
*p <0,05
TABLE 3,2

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION HIGH-LEVEL GROUP

Source of Variation SS df MS F
Mode of Presentation 671.79 1 671.79 35. 16%
Rate of Compression 291. 4§ 2 145, 74 7. 63%
Interaction 253,63 2 126, 81 6. 64%
Within o 2,617,42 137 19.10

#*p <0.05



25

TABLE 3.3

TWO-WAY ANALYSIS OF VARIANCE FOR TEST OF
COMPREHENSION LOW-LEVEL GROUP

Source of Variation SS dfv_ MS F
Mode of Presentation 204,43 1 204,43 10, 31%
Rate of Compression 424,72 2 212, 36 10, 71%
Interaction 43,67 2 21,83 1.10
Within 2,716.85 137 19,83

*p < 0.05

Since the results from the analysis of variance permitted rejectiocn of all
null hypotheses of no difference due to rate of compression or mode of
presentation at different aptitude levels, t tests were run for comparison
of certain means with the following results:
TABLE 3.4
MEAN COMPREHENSION SCORES ALL~-LEVELS

AURAL-ONLY AUDIO-OCULAR

Zero Compression 19, 66 ~—~————>» 21,35 *

! .
%

s I

i
One-third Compression 18,13 ~—e—p 21.36 Y

e e

One-half Compression 13,75 ~—~—————p 19,81

!
i

Key: —<¢==~—=——— No significant difference between means
~——————» Significant difference at . 05 level or better.
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TABLE 3.5

MEAN COMPREHENSION SCORES HIGH-LEVEL

AURAL-ONLY AUDIO-OCULAR

Zero Compression 4 22.88 <t= == — — - 24, 63 4
! I
I

One-third Compression * 20,48 —<=————» 23,75 i A

' |

One-half Compression 16,24 —~————r 24 26 v

TABLE 3.6

MEAN COMPREHENSION SCORES LOW-LEVEL

AURAL-ONLY AUDIO-OCULAR
Zero Compression A 17,20 =————-— >18.04 |}
. :
]
One-third Compression Y L 15.78 = —19.08 A
One-half Compression l 12,33 <+————p-15, 39 l
Key:
~— - —— — —3p No significant difference between means.
— —— Significant difference at .05 level or better.
TABLE 3.7

t TESTS FOR COMPREHENSION SCORES ALL-LEVELS GROUP

Run Mean N Mean N df

1 19. 66 76 21, 35 80 154  -2.07%
2 18,13 68 21, 36 73 139 -3, 74%
3 13. 75 63 19, 81 69 130 -6.81%
4 19. 66 76 18.13 68 144 1.79
5 18.13 68 13. 75 63 129 4.91%
6 21. 35 80 21, 36 73 151 - .01
7 21. 36 73 19. 81 69 140 1, 80
*p < 0. 05

-.132
S
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TABLE 3.8

t TESTS FOR COMPREHENSION SCORES HIGH-LEVEL GROUP

Run Mean N Mean N df t
1 22,88 25 24,63 27 50 -1.44
2 20.48 23 23,75 24 45 -2,56%
3 16, 24 21 24, 26 23 42 -6,08%
4 22, 88 25 20,48 23 46 1.90
5 20, 48 23 16, 24 21 42 3,21%
6 24,63 27 23.75 24 49 .72
7 23,75 24 24. 26 23 45 - .40
*p < 0,05
TABLE 3.9

t TESTS FOR COMPREHENSION SCORES LOW-LEVEL GROUP

Run Mean N Mean N daf t
1 17. 20 25 18, 04 27 50 - .68
2 15, 78 23 19.08 24 45 -2.54%
3 12, 33 21 15,39 23 42 -2,27%
4 17,20 25 15,78 23 46 1.10
5 15,78 23 12,33 21 42 2.57%
6 18,04 27 19.08 24 49 - .83
7 19.08 24 15,39 23 45 2, 84%
*p <0.05

Discussion

The simultaneous presentation of the printed page to match an aural pre-
sentation resulted in significantly better comprehension for all aptitude
levels hearing corupressed speech. It was not, however, superior for
the high and low aptitude level groups hearing normal rate recordings.
Hence, it may be concluded that the printed page provides assistance in
comprehension when the speaking rate is increased above the normal
rate.

None of the aptitude levels experienced significant losses in comprehen-
sion wlen messages were speeded to one-third compression. This illus-
trates the suitability and efficiency of compressed speech for a junior
college population. Furthermore, except in low-aptitude groups, the
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speed may be increased to one-half compression without significant loss
in comprehension, provided the printed page is supplied to match the
aural message, Comprehension was significantly decreased when the
aural-only messages were speeded to one-half compression. A speed
of one-half compression may be too great to result in acceptable com-

prehension for aural-only groups.
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CHAPTER IV
PERTURBATIONS OF SEX JUDGMENTS WITH TIME-COMPRESSED
AND FREQUENCY-DIVIDED SPEECH SIGNALS

Daniel S, Beasley and Willard R, Zemlin*

If time-compressed and frequency-divided speech is to be used in educa-
tional and clinical settings, the equivocal results of several studies of
subjective perceptual interpretation of the processed speech signal should
be investigated,

Time~Compressed Speech

Daniloff, Shriner, and Zemlin (1968a) observed female speakers to be
rated as more intelligible than male speakers when they spoke eight vow-
els in an h~d context which were time-compressed using the Fairbanks
sampling method. However, Zemlin, Daniloff, and Shriner (1968) also
showed that listeners rated female time-compressed speech as more dif-
ficult to listen to than male time-compressed speech., In addition, the
same judges preferred 30% time-compressed speech over 40% and 50%,
although the Daniloff et al. (1968a) study showed that intelligibility was
high up to compression rates of 70%. It appears phonemic quality, as
reflected by vowel intelligibility, may remain more stable at higher com-
pression ratios than phonetic quality., Foulke (1966c) distributed record-
ings of time-compressed speech and questionnaires to blind Ss in several
geographical areas. Although the majority of the respondents found the
female easier to understand than the male (55% versus 45%), a larger
majority preferred to listen to the male (65% versus 32%). These results
suggest that speaker preference criteria of auditory Os may play an
equal if not greater role in the utilitarian consideration of such speech.
Evidence has been provided that phonemic quality is based on a relative
vowel hypothesis (Daniloff et al., 1368a; Potter & Steinberg, 1950),

*Dr. Daniel S. Beasley is an Assistant Professor in the Department of
Audiology and Speech Sciences at Michigan State University, East Lansing,
Michigan 48823, Dr. Willard R. Zemlin is Director of the Speech and
Hearing Research Laboratory at the University of Illinois, Champaign,
Illinois 61820,
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whereas phonetic quality may be based on a modified fixed vowel hy-
pothesis as suggested by Slawson (1968). Phonemic quality of female
speech would be maintained longer than male speech due to the inherent
redundancy of female speech, but phonetic quality would decline earlier
for female speech because more of the characteristic pitch periods
(determining fundamental frequency) of the female, contra the male,

are discarded in the sampling technique. Listener preference may be
partially determined by this phonetic quality. Good phonemic quality
may not overcome listener's dislike of listening to the material in a pro-
longed listening task. It is then necessary to study preference values of
the listeners using time-compressed female speech in order to establish
possible reasons the male is preferred over the female. Such knowledge
would perhaps lead to methods of overcoming these attitudes, thereby
permniitting, in the educational process, full advantage to be taken of the
high intelligibility of female time-compressed speech.

Frequency-Divided and Frequency-Divided
Time-Restored Speech

Daniloff et al. (196é8a), in their vowel study, showed female frequency-
divided and freguency-divided time-restored speech had better phonemic
quality than male speech, as did Klumpp and Webster (1961) using a slow
playback frequency-divided method. However, neither looked at prefer-
ence vaiues for frequency-divided and frequency-divided time-restored
speech. Bennett and Byers (1967) investigated the use of frequency-divided
speech, using a slow playback method, on a geriatric population. Their
Ss preferred the male speech. Thus, sex of the speaker may yield dif-
ferential results for phonemic and phonetic quality in studies involving
frequency-divided speech. Based on the relative vowel hypothesis, pho-
nemic quality of female speech may remain higher than the male's, since
the female's lower formants, especially F2 (Thomas, 1968), unlike the
male's, are not shifted out of the normal experiential bandpass under
frequency-divided and frequency-divided time-restored conditions (Daniloff
et al., 1968a; Tiffany & Bennett, 1961). But the formant shifting does
effect phonetic quality, which is based on fixed values. In a prolonged
listening task, phonetic quality must be considered. The reason for the
abve conflicting results may be that the more intelligible frequency-
divided and frequency-divided time-restored feimiale speech, when shifted
toward the frequency domain of the male, begins to sound cffeminate, a
cultural taboo in our society, or at least it used to be, and members of
the society, as listeners, may not prefer to listen to it.

The purpose of this study is to investigate the ratings of masculine-
feminine continuum poles of a male and female speaker whose speech has
been time-compressed, frequency-divided, and frequency-divided time-
restored. The masculine-feminine data will be compared to values
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obtained on other scales in similar studies.

Method of Investigation

Experimental Materials

In order to adequately compare the phonemic analysis of Daniloff e’ al,
(1968a) to the phonetic analysis of this study, the stimuli consisted of

11 h-d context embedded vowels, spoken by a male (fo = 104 Hz) and a
female (fo = 198 Hz) at conversational pitch and effort level. The vowels
were processed through five conditions (20% through 60% in 10% steps) -
of time-compressed and frequency-divided and frequency-divided time-
restored speech. Thus, there were 32 experimental sets of vowels: 2
normal (male and female); 10 time-compressed (5 males, 5 females); 10
frequency-divided (5 males, 5 females); and 10 frequency-divided time-
restored (5 males, 5 females).

The 32 scts of vowels were randomized. All Os heard the same ran-
domized experimental tape. Approximately 2 seconds of silent interval
was provided between items in each set., FEach set of words took about
25 seconds playback time.

Subjects

[

W)
9]
]
03
o
]
o
e
-
(¢}
cu

Listeners consisted of 14 male and female college students ir
listening environment,

Experimental Procedures

Semantic differential type scales (Osgood, Suci, & Tannebaum, 1957)
were used to assess phonetic quality., These attempt to elicit behavior
to alternatives which are representative of the various meanings over
which a concept (in this case, speech sample) may vary on a 7-point
scale of polar opposites to indicate direction and intensity of response,
Seven such semantic differential scales, chosen according to the Osgood
et al. (1957) criteria of relevance (of the scales to the concepts being
judged) and linearity of polar oprosites (e.g., rugged-delicate may both
be favorable under certain circumstances), were used to elicit qualita-
tive judgment of the 32 sets of speech signals from the listeners. These
seven scales were: Fast-Slow, High-Low, Masculine-Feminine, Like-
Dislike, Harmonious-Dissonant, Loud-Scft, Pleasant-Unpleasant,

The O's task was to rate each of the 32 sets of each of the seven scales.
Observer heard a set, then was allotted 1 minute to respond to the 11
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items in the set. A 1 minute response interval was used to allow the O
adequate response time on more difficult sets. Further, the long inter-
val aided in the forgetting of prior sets, thus minimizing the tendency of
O to compare subsequent sets to prior sets, Prior to the beginning of a
set, three 1 kHz beeps were sounded as a warning to ''get ready.' A
single beep sounded at the end of a set indicating the 1 minute rating per-
iod had begun.

The response sheet consisted of three scale-position randomizations

(R1, R2, and R3). These three randomized sheets were randomly dis-
tributed in booklets of 41 each for each O, Finally, the poles on thc con-
tinua for RI, R2, and R3 were randomly positioned, so that one end (left
or right) of the continua was not always positive and/ or negative,

All Os received standardized instructions (see Appendix A).

Phase II of the study was similar to Phase I, except an Intelligiblc-
Unintelligible scale was added to the rating sheets. A different male and
female speaker was used, thus bringing the total number of speakers to
four: two males and two females., Also, Phase II eliminated ratings of
time-compressed speech, Finally, 15 different listeners were used in
Phase II,

Results--Phase I

Reliability of Ratings

An intraclass correlation coefficient (McNemarxr, 1962) for the masculine-
feminine continuum was computed for the total group. The ., Was found
to be . 99.

M Values of Ratings by Conditions

Table 4.1 lists the M scale values by condition, by set, and by sex of
speaker, Figures 4.1, 4.2 and 4. 3 illustrate the values of Table 4,1
graphically.

As can be seen from Figure 4.1, the male and female speakers are con-
sistently (r = .99) rated as per their respective sex under time-com-
pressed speech, The high r ¢ suggests that the variations in the M ratings
by sets for time-compressed speech are systematic. There appears to

be a trend toward middle scale values for both speakers, the male show-
ing the trend sooner, but the female showing the trend more consistently,
especially at higher time-compressed speech ratios,
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TABLE 4,1

M VALUES OF SCALED MASCULINITY-FEMININITY OF LISTENER'S
RESPONSES TO MALE AND FEMALE TIME-COMPRESSED (TC),
FREQUENCY-DIVIDED (FD), AND FREQUENCY-DIVIDED
TIME-RESTORED (FD-TR) VOWEL IN H-D CONTEXT
FOR PHASE I

TC FD FD-TR
Male Female Male Female Male Female
0% 1.0 6.4 1.0 6.4 1.0 6.4
20% 1.7 6.4 1.7 4,2 1.5 3.0
30% 1.5 6.5 1.3 3.0 1.5 2.9
40% 1.9 6.0 1.4 2.6 - 1.1 1.5
50% 1.7 6.1 1.3 1.5 1.2 1.2
60% 2.2 6.2 1.3 1.5 1.3 1.7
70% 1.5 5.7 - -——- - -
80% 2.0 5.8 -—- - - -

The frequency-divided and frequency-divided time-restored conditions
(Figures 4. 2 and 4, 3 respectively) show more profound experimental ef-
fects. From 20% on, under both conditions, the female appears to sound
masculine. This initial effect is greater under the frequency-divided
time-restored than frequency-divided condition. The frequency-divided
time-restored curve is also steeper than the frequency-divided curve.
Further, the frequency-divided time-restored maximum masculine rating
for the female speaker is attained at 40%, whereas the frequency-divided
maximum for the female is not attained until 50%. Finally, the frequency-
divided condition maximum masculine rating for the female appears more
stable than the frequency-divided time-restored maximum masculine rat-
ing for the female speaker.

Results--Phas II

The tentative results of this study suggest that a female speaker may not
be preferred under conditions of frequency-divided and frequency-divided
time-restored speech because of an effiminate perceptual quality after
her speech has been processed.

Reliability of Results

Analyses of two scales were performed under Phase II: Masculine-
Feminine, Intelligible-Unintelligible. Reliability coefficients computed

4
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for these data revealed an r_, = .98 and r,_, = .87 respectively. Using
the Silverman Estimation Method (Silverman, 1968), it was found that
an additional five listeners would be required to raise the I, to .90 for
the Intelligible-Unintelligibie scale. il

M Values of Ratings by Conditions

As expected, similar findings were obtained on the Masculine-Feminine
scale in Phase Il as were obtained in Phase I. One difference was that
the maximum masculine rating for the female for frequency-divided and
frequency-divided time-restored speech in Phase Il was not reached until
60%. Table 4,2 and Figures 4.4 and 4.5 depict this information.

TABLE 4.2

M VALUES OF SCALED MASCULINITY-FEMININITY OF LISTENER'S
RESPONSES TO MALE AND FEMALE FREQUENCY-DIVIDED (FD),
AND FREQUENCY-DIVIDED TIME-RESTORED
(FD-TR) VOWEL IN AN H-D CONTEXT
FOR PHASE 11

FD FD-TR
Male Female Male Female
0% 1.40 6.5 1.4 6.5
20% 1.20 3.9 1.4 3.5
30% 1.20 3.1 1.2 3.3
40% 1.26 1.8 1.1 2.6
50% 1.26 1.8 1.1 1.7
60% 1.20 1.5 1.3 1.3

‘Regarding the Intelligible-Unintelligible scale values, the frequency-
divided and frequency-divided time-restored conditions were both rated
highly intelligible through the 20% condition. For both conditions the first
major drop in intelligibility occurs at 30% for both sexes, the male speaker
showing a steeper slope than the female., The data reveals the male
speaker to be rated less intelligible than the female through the remain-
ing compression levels for both conditions. The frequency-~divided time-
restored condition shows a more rapid decline in rated intelligibility than
does the frequency-divided condition. For the frequency-divided time-
restored condition the most dramatic drop occurs at 40% for the male,

at 50% for the female., Although the frequency-divided condition reveals

a more systematic decline in intelligibility, the frequency-divided
time-restored condition appears to stabilize at higher compression
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condition (beyond 50% for both sexes), This data is summarized in Table
4.3 and Figures 4.6 and 4. 7.

TABLE 4,3

M VALUES OF SCALED INTELLIGIBLE- .. JTELLIGIBLE OfF
LISTENER'S RESPONSES TO MALE AND FEMALE
FREQUENCY-DIVIDED (FD) AND FREQUENCY -
DIVIDED TIME-RESTORED (¥FD-TR) VOWELS
IN AN H-D CONTEXT FOR PHASE II

FD FD-TR
Male Female Male Female
0% 6.3 6.2 6.3 6.2
20% 6.7 6.2 6.1 6.4
30% 4.0 5.5 4.5 5.4
40% 3.1 4,4 2.7 4.8
50% 1.9 3.5 1.8 2.4
60% 1.3 2.5 2.3 2.4
Discussion

Time Compression

From the results it can be concluded that speaker sex identification under
even extreme conditions of time-compressed speech tends to remain stable.
The graphic depiction of the time-compressed ratings also tends to vary
about the same for both sexes. Zemlin et al. {1968) concluded that intel-
ligibility was not equivalent to preference, that is, what may be most
intelligible may not necessarily be what is preferred, It was felt that a
reason for this might be related to speaker sex identification under var-
ious conditions of time-compressed speech. The question is still to be
resolved as to the essential differences between the Foulke (1966c¢) find-
ings and those of Daniloff et al. (1968a), Further analysis of several

of the other semantic differential scales used in this study is currently
underway. '

Frequency-Divided and Frequency-Divided Time-Restored

The results agree with Daniloff et al, (1968a) and Klumpp and Webster
(1961) in that the female frequency-divided and frequency-divided time-
restored speech is more intelligible than the male frequency-divided and
frequency-divided time-restored speech. Further agreement with the
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Daniloff et al. (1968a) study is seen in that both studies reveal the first
major decline in intelligibility to be about 30% distortion. Also, the
frequency-divided time-restored speech revealed a rapid initial decline
in both studies, especially for the male speaker. Finally, both studies
reveal the most dramatic drop for the male frequency-divideu time-
restored speech to be at 40%, for the fernale at 50%.

The agreement between these studies relative to the Intelligible- Unintel-
ligible scales suggests that a listener is able to judge adequately what is
intelligible to him, and that this judgment would be highly correlated to
what would be revealed by traditional intelligibility tests.

The conflicting results between the Daniloff et al. (1968a) study and
this study, that the female frequency-divided and frequr- - (ivided time-
restored speech is more intelligible, and the Tiffany and - .nett (1961)
study, which showed a male preference, can be explained by the results
of this study. Apparently the female distorted speech begins to take on a
psychological male-like component, whereas the male speaker, as ex-
pected, tends to remain stable. There is no social decision to be n..de
with respect to his distorted speech. These findings would support the
contention that phonetic quality and phonemic quality are not equivalent,
Further, phonetic quality may be based on a rixed vowel hypothesis,
whereas phonemic quality may be related to a relative vowel hypothesis.

Further analyses of this data are being carried out. Furthzr, physical
measurements, such as those performed by Terango (1966), are being
performed on all four speakers in order to physically account for the
gradual shift of the female to male frequency-divided and frequency-
divided time-restored speech. It is suspected that the female frequency-
divided and frequency-divided time-restured speech will reveal that the
M rate of pitch change during inflection will decrease with increased dis-
tortion, as revealed by Terango (1966) when he studied rated effeminate
voices,

Finally, the results of the Like-Dislike scale should si:ed substantial
light upon the preference/ intelligibility controversy,

There appears little doubt that if time-compressed, frequency-divided,
and frequencv-divided time-restored processed speech is to be used edu-
cationally, consideration must be given to more than simply intelligibi?ity.
What an individual likes (prefers) to listen to may have signifirant bear-
ing on his progress.
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APPENDIX A
INSTRUCTIONS FOR SCALING STUDY ON THE

PERCEPTION OF DISTORTED SPEECH

The purpose of this study is to study the feelings of people to various
types of speech. We hope to do this by having the people judge the speech
they hear against a series of descriptive scales, In taking this test,
please make the judgment on the basis of how you feel about the speech
signals you are to judge. On the dittoed sheet you will find seven differ-
ent scales, I will play a recorded tape. You will hear vowels in an h-d
context. There are 41 sets of 11 vowels per set, Between each set of

11 vowels there is a silence of about 1 minute. During this silence fol-
lowing each set, you are to rate the set on the seven scales, in order,

Here is how you are to use the scale:

If you feel that the set of words you heard is very clouciy related te one
end of the scale, you should place your checkmark as follows:

fair X : : : : : : unfair

OR

fair : : : : : : X : unfair

If you feel that the set of words in quite closely related to one or the other
end of the scale (but not extremely), you should place your checkmark as
follows:

fair : X : : : : : unfair

OR

fair : : : : : X : unfair

If the set of words seems only slightly related to one side or the other side
(but not really neutral), then you should check as follows:

. .;5«
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fair : : X : : : ;. unfair

OR

fair : : : : X : : unfair

The direction toward which you check, of course, depends on which of the
two ends of the scale seem most characteristic of the set of words you
are judging.

If you consider the set to be neutral on the scale, both sides of the scale
equally associated with the set you are judging, then you should place your
checkmark in the middle space:

fair : : : X : : : unfair

IMPORTANT:
(1) Place your checkmarks in the middle of the spaces,
not on the boundaries:

X : : : X:
(this) (not this)

(2) Be sure to check every scale for every set of words--
do not omit any.

(3) Never put more than one checkmark on a single scale.

(4) Remember, there's only about a minute between sets,
so work accurately but rapidly,

Sometimes you may feel as though you've had the same set of words before
on the test. This will not be the case, so do not look back at previous rat-
ing sheets. Do not try to remember how you checked previous items on
each scale: make each item a separate and independent judgment. Do not
worry or puzzle over individual items. It is your first in >ression, the
immediate feeling about the sets of words we want, On the other hand,

do not be careless because we want your true impressions,

Are there any quc stions ?
Do not begin youi‘ ratings until the set eands,

Three beeps mean get ready, one beep means the end of the set.
This is not a test of intelligibility.

Y%



CHAPTER V
DICHOTIC SPEECH-TIME COMPRESSION

Sanford E. Gerber and Robert J. Scotts*

In general, the Fairbanks procedure (Figure 5.1) or its German equiva-
lent has been the method of choice for various anplications. The main
difficulty with time compressing speech in thi. .y is that it depends for
its compres=icn upon the discarding of information. If the intelligibility
is less than that achieved uncompressed, it is probably due to the loss of
information. Scott (1965, 1967b), making this observation, hypothesized
that restoring the information should restore the intelligibility, We have
now completed a series of studies to verify this hypothesis,

Dichotic Compression

Scott's (1965) procedure is called ''dichotic' speech-time compression,
Recall that in the Fairbanks procedure the signal (and hence, the infor-
mation) in the discard interval is not recoverable, so could not be made
available to the listener, The differences between ''diotic' speech-time
compression (i.e., Fairbanks' method) and '"dichotic' speech-time
compression (i,e., Scott's method) are shown in Figure 5.2. The di-
otically produced tape has one track which contains only the (imaginary)
odd-numbered segments, and these continuous segments are heard in
both ears. The dichotically produced tape has two tracks: one track is
identical to the diotic tape and is played to one ear only; the second
track contains only the (imaginary) even-numbered segments, and this
track is played only to the other ear. Notice that the first track is de-
layed a bit so that it is offset in tirne with respect to the second track.
The second time segment no longer follows the first, but overlaps it in
time. The significance of the amount of overlap remains to be investi-
gated, but for all these experiments it has bee . 50% with respect to
either segmen .

*Dr, Sanford E. Gerber is Assistant Professor of Speech and Disorder
of the Audiology Liaboratory at the Speech and Hearing Center of the
University of California, Santa Barbara, California. Dr, Robert J.
Scott is a consultant with the U.S. Government, Wachington, D.C.
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To create dichotic speech-time compression a hybrid computer system
has been used (Gerber, in press; Hogan & Scott, 1963). For the re-
search reported here, two different (but very similar) hybrid computers
have been emploved. Figure 5.3 shows the hybrid system used for the
experiments up to the last one, and Figure 5.4 shows the system used in
the latest experiment., The input/output apparatus is essentially the
same in both cases. The older syster.. uses a PDP-1 digital computer,
while the newer one employs a PPP -7, The PDP-1 is a somewhat
larger but slower machine than the PDP-7; both are manufactured by
the Digital Equipment Corporation of Maynard, Massachusetts, The
analog portion of the hybrid is a Pace TR-10 analog computesr associated
with the PDP-1 or an EAI 8800 in the case of the PDP-7, The analog
computers were rmade by Electronic Associates, Inc., of Long Branch,
New Jersey. The writers have been very fortunate to have had these hy-
brid computer systems -vailable fcr this research.

Experiment I

Our first investigation of the intelligibility of dichotic speech-time com-
pression dealt with the differences between dichotic and diotic for each
of three compression ratios. The results of that study have been re-
ported (Gerber, 1968) and need only be summarized here.

The stimuli used in all the intelligibility experiments were Iairbanks'
recordings of the rhyme test words (cf, Fairbanks, 1958). The record-
iros of the rhyme tests were input from the tape playback via the analog
computer interface to the analog-to-digital converter which put the
digitized speech onto magnetic tape. Then, under operator control, the
computer time compressed the digitizeuw speech and wrote this version
onto another magnetic tape. When the compression process had been
completed, the compressed digitzl tape was output via the digital-to-
analog converter onto audio tape. In this way all 250 items of the
Fairbanks recordings were compressed and dichotomized.

In the first experiment, we used three different compression ratios

(R = 2:1, 3:2, and 4:3) and three different discard intervals (I, = 30,
4—0? and 50 milliseconds [msec.]). Twenty listeners were emf)iloyed.
For all listeners, the dichotic signals were more intelligible thar their
diotic counr rts. Combining across both compression ratio and
discard int . sal, it was found that dichotic listening led to higher intel-
ligibility scores than diotic listening., ZFor this aggregate of dichotic
cignals, the average intelligibility exceeded 97%; while, for the aggre-
gate of diotic signals, the average intelligibility was just cver 93%.
This difference was significant beyond the 0. 01 level. This means that
the Jichotic version did, indeed, restore the intelligibility; and presum-
=bly via the restoration of the otherwise discarded information.

26
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There were some other interesting findings from this first experiment.
We found no significant differences among the three compression ratios
when discard interval was not ccusidered. Therefore, we could con-
clude that the dichotic restoration of information was good to at least
double normal speed. Moreover, virtually no intelligibility was to be
gained by minimizing the amount of compression, for example, to only
4:3 or 3:2.

We did find differences with respect to discard interval. The discard
interval of 50 msec. was significantly (at the 0, 10 level) less intelligible
than the others, which did not differ significantly from each other. It
seems, then, that a discard of 50 msec. is in some way ''too long. "
When the information was restored, that is when dichotic was compared
with diotic, it was seen that the restoration was significant for the 50
msec, discard interval, The difference between dichotic and diotic for
this discard interval was nearly 9%. Therefore, given a diotic signal,
50 msec, of information is too much to miss at one time,

Although many early experiments support the use of a discard interval

of about 40 msec. for all compression ratios, we feel that for isolated
words intelligibility can be significantly increased by using a discard in-
terval as short as 15 to 20 msec. depending on the amount of compression
and the average fundamental frequency of the speaker. For continuous
speech, shorter discard intervals have been avoided primarily because
of the annoying effect of the interruption frequency. As those of us work-
ing with computer-compressed speech have experienced, the use of sam-
pling intervals which do not preserve at least one complete and continuous
voicing period injects an artificial monotone pitch, the frequency of
which is inversely proportional to the sampling period.

In general, we concluded from this first experiment that time-compressed
speech (up to double speed) is highly intelligible anyway, and restoration
of the information by Scott's dichotic technique is not only feasible but
desirable, His scheme of dichotic speech-time compression restores

the inteiligibility of time-compressed speech essentially to its uncom-
pressed level,

Experiment II

The results of Experiment I were very encouraging, but left some ques-
tions unanswered, Speech compressed by means of discarding segments
leads to more listening possibilities than were investigated in Experiment
I. Reference to Figure 5.5 will show that there are four listening pos-
sibilities, What we had called 'diotic'" referred to the fact that the sig-
nal was heard with both ears when there was only one signal. To describe
this, in the second experiment we decided to label this condition "Unitary-
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Diotic, " meaning one signal in two ears. The other possibilities using
this scheme are: Dichotic-Diotic, Dichotic-Monotic, and Dichotic-
Dichotic, In these terms, we had looked in the first experiment only
at Unitary-Diotic (one signal in both ears) and Dichotic-Dichotic (two
signals, one in each ear). We were, therefore, unable to tell whence
came the apparent improvement: from the dichotomizing of the signal,
or from the dichotomizing of the listener.

The purpose of Experiment II was to determine the necessity of listen-
ing dichotically to dichotic signals, Perhaps one ear could process
dichotic time-compressed speech as well as two since all the informa-
tion would have been restored in this case, too. The results of this
investigation are also in the literature (Gerber, 1969). It was found
that dichotic signals heard diotically were not more intelligible than
when heard monotically; there was no significant difference between
monotic and diotic listening conditions when the signal was dichotic,
Moreover, no preference for ear was observed in the monotic condition.
Using a dichotic signal it seems sure (and not at all surprising) that
intelligibility would be superior if the listening condition were also di-
chotomized. That is to say, the highest intelligibility results when the
dichotic signal is presented one track to each ear. If both tracks are
presented to one or to both ears, intelligibility suffers, Furthermore,
if only one track is used (in one or both ears) intelligibility suffers.

Experiment II, like Experiment I, revealed a significant difference
between 40 and 50 msec, discard intervals, Again, intelligibility with
discards of 40 msec, was greater than with discards of 50 msec. with
the compression ratio fixed at 2:1, The data of Experiment I caused
us to decide that ratios less than 2:1 were no longer interesting.

These two experiments led us to raise a question which has been agked
many times over the years that this process has been investigated.
Why is time-compressed speech less intelligible than uncompressed?
Is the loss of intelligibility due solely to the loss of information? Or
is it due to excessive rate demands upon the listener? Or both?

Experiment III

It seemed reasonably ciear after the first two experiments that the loss
of intelligibility must be due to the loss of information ard not due to
the speed being too demanding for processing., The dichotic signal,
wherein all the information is present, was always more intelligible
than the diotic signal at the same rate. However, what happens when
the speed is more than doubled? If the compression ratio is greater
than 2:1, it is not possible to recover all the discarded information
(since we have only two ears), but it is possible to recover some of it.
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If the intelligibility of time-compressed speech at greater than double

the normal speed is enhanced by dichotomizing, then the loss of intel-
ligibility must be attributable to the loss of information. Furthermore,

it is possible to restore the time without restoring the information, If
this time-restored version is not more intelligible than the compressed
version, then one must conclude that the time demands are not excessive.
Anyway, since the dichotic speech-time compression at rates up to double
the original was shown to suffer no important loss of intelligibility, one
wants to know how much compression will cause intelligibility to diminish
significantly.

This third experiment, then, was intended to answer these questions.
For this experiment we prepared tapes of the Fairbanks Rhyme Test

(in the same manner as previously but with the newer hybrid computer)
at a compression ratio of 3:1, Figure 5.6 shows the imaginary segment
numbers available when these high compressions are recorded dichoti-
cally, It is seen there that all of the information is not restored by
dichotomizing. By definition, a ratio of 3:1 diotic contains one-third

of the information in the original signal; dichotomizing restores another
third. Dichotic compression at 3:1, then, contains two-thirds of the

Experirnent III presented threec different modes of compression to the
listeners. All the modes were at 3:1 with a discard interval of 40 msec,
The three modes were: dichotic, diotic, and time-restored, Reference
again to Figure 5, 6 reveals that in order to restore the time but not the
information it is necessary to repeat the same segments used in the
diotic mode, If the compression ratio is 3:1, each segment is repeated
three times and only one-third of the segments are used,

The decision to restore the original time frame by repeating the diotic
(single file) compressed speech as in Figure 5.6 perhaps was not a
wise one. The results may have been more intelligible for the time-
restored words had the restoration been done dichotically. Preliminary
data from a current experiment suggest that 3:1 dichotically restored
words presented dichotically will prove to be more intelligible than

3:1 dichotically compressed words, We initially believed that diotically
time-restored isolated words would be more intelligible than diotically
time-compressed words hecause of earlier experiments in restoring
the time of continuous speech. We now feel that repeating already dis-
torted sampling intervals in order to time-restore isolated words tends
to increase listener confusion, whereas this distortion tends to be less
effective in continuous speech,

Figure 5.7 shows the results of this investigation compared with those
of Experiment I. Most of our hypotheses have been verified by Experi-
ment IlI, Again, dichotic processing made a significant (< 0,01)
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improvement over the intelligibility possible diotically; this improve-
ment was over 5%. Of even greater interest was the lack of improve-
ment resulting from time restoration. To restore the normal time by
repeating segments results in a very peculiar sounding signal; so pecu-
liar, in fact, that its intelligibility is significantly poorer than even
diotic (< 0.05) and much, much poorer than dichotic (< 0.001), So,
time restoration is not the answer; at least, not time restored in this
way because it introduces another kind of distortion.

We have not really resolved the issue of whether the loss of intelligi-
bility is due to the lack of information or to the press of time, It is

true that the dichotic signal even at 3:1 is really quite intelligible, which
continues to suggest that the problem rests in the information and not
the speed., The fact that the time-restored signal was so poor lends
some credence to tkis hypothesis, but the restored speech has peculiar-
ities of its own. We have resolved, however, that listeners can process
speech at a very high rate even when there is a lack of information. The
next study to be done may be the one which resolves this issue., A 4:1
dichotic signal contains as much information as a 2:1 diotic signal, If
the losses are due solely to losses of information, then these should
have equal intelligibility, If not, then 4:1 may be ''too fast.' Mean-
while, we find that we are well within human auditory processing time
capabilities even at triple normal speed, The premise that loss of

intelligibility in time-~-compressed speech is due primarily to the ina.bility;

of the listener to process the speech at the higher rate is certainly an
attractive one, For if it were true, it would suggest the possibility of
training subjects in high-speed listening,
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CHAPTER VI
A COMPARISON OF "DICHOTIC" SPEECH AND SPEECH
COMPRISSED BY THE ELECTROMECHANICAL
SAMPLING METHOD 3

Emerson Foulke and E. McLean Wirth:*

Recorded speech may be compressed in time by reproducing a succes-
sion of periodic, time-abutted samples of the original recording, If
the durations of the samples eliminated from such a reproduction are
brief enough so that no critical feature of a speech signal can, by acci-
dent of sampling, fall entirely within a discarded sample, the result

is time-compressed, intelligible speech that is not altered with respect
to vocal pitch or quality,

Such sampling may be accomplished manually (Garvey, 195313), by
cutting a reccrded tape into segments, discarding some of the segments,
and splicing the remaining segments together again, It'may be
accomplished more conveniently by a tape reproducer of the type
described by Fairbanks, Everitt, and Jaeger (1954). Devices of the
Fairbanks type reproduce periodic, time-abutted samples of a recorded

junior autlmr in her senior theas, subnntted 1,:(:1 the Webster Callege,
St. Louis, Missouri, 1968, This report also appears as Chapter III
in The Comprehension of Rapid Speech by the Blind: Part III, Final

Progress Report, March 1, 1964 - June 30, 1968, PI‘DJEQ‘I‘; No. 2430
Grant No, OE-4-10- 127 U S. Department QifiIgié;alth Educatmn, and
Welfare, folc;e Qf Educaman, Eureau of Research, Non-Visual Per-
ceptual Systems Laboratory, Graduate School, University of Louisville,

Louisville, Kentucky, 1969,

**¥Dr, Emerson Foulke is Director of the Perceptual Alternatives
Laboratory and E, McLean Wirth is a former research assistant at
the Center for Rate-Controlled Recordings, University of Louisville,
Louisville, Kentucky 40208,
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tape and, as before, the result is time-compressed, intelligible speech,

without distortion in vocal pitch or quality (Foulke, 1969).

A computer may also be used for the time compression of speech
(Cramer, 1968; Scott, 1965), In this approach, the recorded speech
signal is temporally segmented, some of the time segments are dis-
carded according to a sampling rule for which the computer has been
programmed, and the remaining segments, abutted in time, are re-
produced as time-compressed speech.,

In a scheme proposed by 3cott (1967a), the signal resulting from the
process just described is applied to one earphone of a headset. The
samples that would have been discarded in the kind of compressed
speech described heretofore, are retained, abutted in time, and sup-
plied to the other earpbone. With this approach, for compressions in
time of 50% or less, all of the recorded signal is preserved in the
compressed reproduction, It is only rearranged temporally. For
compressions greater than 50%, some of the signal must be discarded,
but much more is preserved than when only one succession of samples
is reproduced. Scott calls the product of this process ''dichotic

speech, "

When speech is compressed by an electromechanical compressor of the

Fairbanks or Springer type, a single file of time-abutted samples is
reproduced and this method will be referred to herceafter as the single
file sampling rnethod, When a computer is used to produce dichotic
speech, two parallel files of time-abutted samples are reproduced,
and this method will be referred to hereafter as the double file sam-
pling method,

When speech is compressed in time by discarding samples of the orig-
inal signal, as the length of samples is reduced, the probability is

within a discarded sample (Garvey, 1953b). In designing a speech
compressor, the physical parameters of the system must be adjusted
to produce discard samples, the durations of which are short enough
so that the probability of discarding a critical feature of a speech
signal can safely be ignored. Two types of speech compressors have
been developed for commercial distribution. One is based directly
upon the Fairbanks scheme, * The other, based directly upon the

*The speech compressor now manufactured by Mr. Wayne Graham,
Discerned Scund, 4459 Krzft Avenue, North Hollywood, California
91602, is based upon the Fairbanks design.
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Springer scheme, is the Information Rate Changer. * The Fairbanks
scherrie permits adjustment of the duration of discarded samples. In
the Springer scheme, this capability is sacrificed in the interest of
convenience of operation, ** In either case, however, samples are
discarded, and there is some probability that one or more of these
sarnples may contain a critical feature of a speech signal. Since the
process resulting in dichotic speech discards none of the speech signal
in the range of compression bounded by zero and 50%, the probability
of discarding a critical feature of a speech signal should be reduced
to zero. Consequently, a reasonable conjecture would be that, in the
long run, words compressed by the process resulting in dichotic speech
should be somewhat more intelligible than words compressed by dis-
carding samples of the speech signal. The superior intelligibility of
dichotic speech might not be manifested on any given comparison of
the two alternative reproductions of a single word. However, as the
length of the list of words used for such a comparison was increased,
there would be an increased opportunity for the sampling accidents
that can occur with the single file sampling method, and the relative
superiority of dichotic speech should begin to emerge. Accordingly,
an experiment was performed in which a list of words, compressed by
the two methods just described, were compared with respect to intel-

ligibility.

Method

Sixty Ss, of both sexes, enrolled in introductory psychology classes
at the University of Louisville, served in the experiment. Subjects
had no obvious hearing defects, and little or no prior experience in
listening to time-compressed speech.

Apparatus and Materials

A list of 100, phonetically balanced words was read orally by a pro-
fessional reader in the Talking Book Studios of the American Printing

*The current version on the Springer device, known as the Information
Rate Changer, is distributed in this country by Infotronic Systems, Inc.
2 West 46th Street, New York, New York 10036,

*%The duration of the discarded samples produced bv the Information

Rate Changer, a commercial device embodying the Springer scheme,
is 30 milliseconds."
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House for the Blind, and recorded on magnetic tape by means of an Am-
pex tape recorder, model 300. This "master tape'' supplied the input to
a speech compressor of the Springer type, constructed at the University
of Louisvi.ie, and to the computer used in preparing dichotic speech, *
Since the samples discarded by the electromechanical speech compressor
were 40 milliseconds (msec. ) in duration, the computer was adjusted so
that the samples normally discarded, but retained by the computer for
dichotic presentation, were 40 msec. in duration, too. The master tape

- was reproduced, by both methods, in 47%, 44%, 41%, 39%, and 37% of

the origin. production time., If a recording of connected speech, occur-
ring at the average oral reading rate of 175 words per minute (wpm)
(Foulke, 1969), were subjected to these compressions, the resulting
word rates would be 375, 400, 425, 450, and 475 wpm. Compressions
in this range were chosen because earlier research (Garvey, 1953hb;
Fairbanks & Kodman, 1957; Kurtzrock, 1957) indicated that words pre-
sented at more moderate compressions would have been completely
intelligible, with either kind of compression. The compressed repro-
ductions were copied on magnetic tape for presentation in the experiment,
In the case of dichotic presentation, the normally retained samples of
the compressed signal were recorded on one track of a two-track stereo
tape, while the normally discarded samples were recorded on the other
track. Of course, only one track was required for recording the output
of the electromechanical compressor. Threse tapes were reproduced,
during the experiment, on a Revox tape recorder, model G36-III. The
tape recorder was connected through a Pilot stereo preamplifier model
216A, and a Pilot stereo amplifier model SA-260 to a pair of Western
Electric headphones, type ANB-H-1, equipped with ear cushions, and
wired for stereophonic listening. When the tape containing speech com-
pressed by the double file sampling method was reproduced, the file

of samples recorded on one track of the tape was presented to one ear,
and the file of samples recorded on the other track was presented to

the other ear. When the tape containing words compressed by the single
file sampling method was reproduced, the same signal was presented to
both ears. The E monitored the experiment by listening to another pair
of earphones, connected to an auxiliary output on the tape recorder,

Procedure

The 60 Ss were divided into five groups, with 12 Ss in each group, Each
group was tested with words presented at only one of the five compressions

*Dichotic speech was prepared for this experiment at the National Security
Agency, Fort George G, Meade, Maryland, by John Boehn, using methods
developed by Dr, Robert Scott. Dr. Scott's assistance in arranging for
the preparation of this material is sincerely appreciated,
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represented in the experiment. Six members of each group heard the
first 50 words in t1e list, compressed by the double file sampling
method. The remaining 50 words were compressed by the single file
sampling method. For the other six members in each group, the

first 50 words in the list were compressed by the single file sampling
method, while the remaining words were compressed by the double

file sampling method and presented as dichotic speech., This precau-
tion was taken to control for the possibility that some words may have
been treated more favorably by one method or the other. To control
for the possibility of an effect due to order, three of the Ss in each sub-
followed by words compressed by the single file sampling method. The
order of presentation was reversed for the remaining three Ss in each

sub-group.

Subjects were tested one at a time. Each S wrote the words he thought
he heard on an answer sheet in numbered answer spaces, Approxi-
mately five seconds elapsed between the onsets of consecutive words.
Subjects were instructed to guess if they were uncertain about a word.

Results

At each fraction of original production titne represented in the experi-
ment, two scores were determined for each S--the number of words
compressed by double file sampling that were missed, and the number
of words compressed by single file sampling that were missed, Means
and standard deviations of error scores are shown in Table 6,1, The
influence of the method of compression upon the relationship between
the amount of compression and error frequency is graphed in Figure
6.1. In this figure, the fraction of original production time required
for compressed reproduction, at each of the five compressions repre-
sented in the experiment, is scaled on the x-axis, Fractions are ex-
pressed as percents. The entry recorded below each scaled value on
the x-axis is the word rate that would result if a listening selection,
read at the average oral reading rate of 175 wpm, were reproduced in ;
the fraction of original production time indicated by that value, The
y-axis is scaled in terms of error scores. This figure indicates an
orderly growth in error scores as the fraction of original production ,‘
time required for compressed reproduction is reduced, On the other
hand, the differences associated with the methods of compression appear
to be small and unsystematic.

The apparent outcome of the experiment was checked by an analysis of
variance of error scores, with scores classified according to amount

of compression and method of compression, and with repeated measures
on the methods variable, The results of this analysis are shown in
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Table 6.2. The growth in errors accompanying the reduction of time
available for compressed reproduaction was significant at the , 01 level,
but the variance associated with the method of compression did not
reach significance at the .05 level. The interaction between these
variables was significant at the , 05 level,

TABLE 6.1

IDENTIFICATION ERRORS FOR WORDS COMPRESSED
BY SINGLE AND DOUBLE FILE SAMPLING

Percent
of Original Method of Compression 7
Production Single File Sampling Double File San;pling
Time _ __ _Mean # of Errors SD Mean # of Errors SD
47% ’ 7.92 2,80 10,25 2. 81
44 % 10. 25 3.59 10.92 3.97
41% 12. 33 2.53 11. 25 3.63
3% 13.83 4,08 11.75 3.00
_37% - 13.25 4.17  15.17 = 3.34
TABLE 6.2
ANALYSIS OF VARIANCE OF
IDENTIFICATION ERRORS
Scurce Df Vanatlcm D _df  MS ___F _
Level of Compression 4 93.51 5., 26%:%
Error (between) 55 17,76
Method of Compression 1 3.68 0.46
Level X Method of Compression 4 21.70 2,714
Error (within) b5 8.00 _
*p < .05 ) ]

s¥p <, 01

A test of simple main effects was made in order to examine the influence
of method more closely, The results of this analysis are shown in Table
6.3. The significant fact recorded in this table is that differences in
error scores as a consequence of the method of compression used were
not significant except for those words compressed to 47% of original
production time.
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TABLE 6.3

ANALYSIS OF VARIANCE OF SIMPLE
MAIN EFFECTS

Source of Variation L . daf MS __F
Method of Compression for 375 wpm 1
Method of Compression for 400 wpm 1
Method of Compression for 425 wpm 1
Method of Compression for 450 wpra 1 26,04
1
5

Method of Compression for 475 wpm
Error
#*p <.05

- The Newman-Keuls Test for Ordered Pairs of Means was performed in
order to determine the effect of compression more precisely, Since
differences due to method were, with one exception, not significant, the
error scores obtained at each fraction of original production time were
pooled, The results of this analysis are shown in Table 6.4. This
table is arranged in matrix form, with the fractions of original pro-
duction time in which words were rcproduced displayed in decreasing
order along the top, and down the left hand margin of the table, Entered
in each row, under the appropriate column headings, are the fractions
of original production time for which error scores were not significantly
different from the error score associated with the fraction of original
production time, recorded in the left hand margin, which identifies that
row, If the table is examined as a whole, the effect of the compression
variable is depicted by the total array of entries in the table,

=

TABLE 6.4

NEWMAN-KEULS TEST FOR ORDERED PAIRS OF MEANS

Fraction of Original
_Production Time  47%  44% 41%  39%  37%
47% 47% 44% 41%
44% 44% 41% 39%
41% | | 41% 39% 37%
39% © 39% 37%
3% e _31%
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Discussion

A significant interaction between method and amount of compression
would be an interesting finding. However, since the general effect of
varying the method of compression was not statistically significant, and
since the differences at the various fractions of original production time
were unsystematic and insignificant with one exception, the intervaction
that was found in the present experiment is probably without experimen-
tal significance. Where it was observed, the difference in favor of
dichotic speech was probably the accidental result of uncontrolled
factors in the experiment, such as differences in the recording quality

frequency of sampling accidents in the 50 words processed by the electro-

rnechanical compressor,

The intelligibility of words compressed by double file sampling has been
compared with the intelligibility of words cempressed by single file
sampling in an experiment reported by Gerber (1968). His results can-
not be directly compared with the results of the present experiment,
since the words he used for testing were reproduced in 50% of original
production time or more, while the words used in the present experiment
were reproduced in less than 50% of original production time. In Gerber's
experiment, words were compressed to 75%, 67%, and 50% of original
production time and, at each compression, samples with durations of 30,
40, and 50 msec. were discarded. In all of the nine comparisons pro-
vided by his experiment, he found a difference in favor of dichotic pre-
sentation. When the discarded samples were 50 msec. in duration, this
difference was significant at all three compressions. However, in the
six comparisons in which the discarded samples were 30 and 40 msec.

in duration, three of the differences were statistically insignificant, and
the remaining three, though significant, were relatively small.

The fact that Gerber found a consistent difference in favor of dichotic
presentation, when the discarded samples were 30 and 40 msec. in
duration, while the present experiment revealed no consistent advantage
for dichotic presentation, may be, in part, a consequence of differences
in the range of the compression variable explored by the two experiments.
Since, in Gerber's experiment, none of the words were reproduced in
less than 50% of original production time, dichotic presentation pre-
served all of the original speech signal. Since, in the present experi-
ment, all the words were reproduced in less than 50% of original
production time, dichotic presentation did not completely eliminate

the necessity of discarding some of the speech signal. Even though
discarded samples are quite small when double file sampling and dichotic
presentation are used to reproduce words in less than 50% »f original
production time, sampling accidents are still possible, and may have
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injured the intelligibility of some of the words that were presented
dichotically in the present experiment,

Though Gerber feels that his experiment has demonstrated the superi-
ority of dichotic presentation, it seems to this writer that the differences
he found, even when statistically significant, were too small to be of
practical significance, except when the discarded samples were 50 msec.
in duration. Of course, when speech is compressed bv single file sam-
pling, and when discarded samples are 50 msec, in duration, it is probable
that some of the critical features of speech signals will fall entirely within
discarded samples, If single file sampling is to be successful, the dis-
carded samples must be kept short enough so that every critical feature
of a speech signal has the opportunity to be sampled, As Garvey has
shown (1953b), this condition is met fairly well when the discarded samples
are no longer than 40 msec. in duration. In general, it can be said that
the intelligibility of words is preserved better by double file sampling
than by single file sampling when the discarded samples are long enough
so that some of the critical features of speech signals can fall entirely
within discarded samples, but that as the duration of discarded samples

is shortened, the superiority of double file sampling is diminished. The
results of both Gerber's experiment and the present experiment suggest
that at 40 msec., this superiority has nearly vanished, Though the
experience of listeners, and the examination of spectrographic records
(Foulke, 1969), suggests that critical features of the speech signal may
occasionally be insufficiently sampled when the discarded samples are

40 msec, in duration, the effects of such sampling accidents are counter-
acted by other factors, such as the listener's knowledge of the sequential
dependencies inherent in sequences of pnonemes and syllables,
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CHAPTER VII
THE INTELLIGIBILITY OF COMPRESSED WORDS

Robert Heise

A consistent finding in the literature on compressed speech at the time .
of the first Louisville Conference on Time-Compressed Speech in 1966
was that speech comprehension had been shown by many authors to be
relatively accurate until the speech rate was more than doubled. Beyond
50% compression, comprehension suffered severely,

Another consistent finding at that time was that single word intelligibility
withstood the ravages of compression, by the sampling method, much
better than connected discourse., It was commonly found on intelligibility

. tests involving word lists that single words could be recognized accur-

ately at speech rates well beyond the rate where the comprehension of
connected discourse declined,

Foulke and Sticht (1967b) advanced a tentative explanaticn for this incon-
sistency, Their two process hypothesis contended that the process of
speech ¢~ nprehension entails the registration, encoding, and storage

of info ...ation, and that these operations require time. The implication
was that the comprehension of connected discourse declined beyond a
critical speech rate because a listener's capacity to perform the neces-
sary analytical operations was surpassed. Since word intelligibility

had been shown to decline at a different speech rate than comprehension,
the authors suspected that single word intelligibility was not the critical

factor,.

single word intelligibility exerted little or no influence on the compre-
hension of connected discourse. He varied the vocal pitch of connected
discourse while holding speech rate constant, Although shifts in the vo-
cal pitch of speech had been shown by Garvey (1953b) to be very detri-
mental to word intelligibility, comprehension was unaffected.

*Mr. Robert Heise is a graduate research assistant in the Perceptual 3
Alternatives Laboratory, University of Louisville, Louisville, Kentucky
40208,
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Another experiment by Foulke and Sticht (1966), in which they varied the
original speaking rate, then compressed the passages by three different
amounts, again holding the rate of presentation constant, showed that
speech comprehension was not measureably influenced, Even though the
duration of the individual words must have been different for the three
passages, comprehension was unaffected,

The two experiments just cited reflect a significant departure from past
inquiry into the relation of word intelligibility and speech comprehensiomn.
The earliest evidence on this relation was obtained by testing for intel-
ligibility with phonetically balanced lists of monosyllables without con-
cern for the fact that the words in the lists bore an unknown likeness to
the words occurring in the listening tests for comprehension., Thus, the
innovation in the experiments by Foulke (1968b) and Foulke and Sticht
(1966), was that they varied the intelligibility of the actual words that
occurred during the passages used to test comprehension.

In the summer of 1968, Emerson Foulke and I confronted the issue of

the relation between intelligibility and comprehension with what must be
called a new slant to an old tactic (Foulke & Sticht, 1967a). We measured
intelligibility by means of a word list but included in this list only words
that occurred in the passages used to test comprehension. This was ac-
complished by sampling a representative amount of words from all of the
different words that occurred in the passages,.

The test used to measure listening comprehension in this experiment was
the Nelson-Denny Reading Test which consists of eight selections of gen-
eral interest with questions after each. 7The selections were recorded
with a male speaker, Six versions were prepared for testing, one at

plished by the sampling method.

The intelligibility test consisted of 159 words of from one to five syllables
in length. The words were chosen to represent all the possible beginning
sounds of words in the language. These words were spoken within a sur-
rounding carrier phrase so that the reader could modulate his voice
evenly for all words, and so that the contour of the words would closely
approximate their pronunciation in the listening selections.

Twelve groups, of 10 college Ss each, were necessary. Six groups had
the intelligibility test before the comprehension test and the other six had
the comprehension test first.

The results of the testing of comprehension (Figure 7.1) showed that the
scores dropped only 6% in the range where 50% or more of the original
signal remained, but that comprehension declined severely thereafter
(50% compression represented about 325 words per minute [wpm]).

. 77
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Intelligibility scores remained above comprehension scores at all mea-
sured points, showing the most severe drop beyond 60% compression.
These results were quite straightforward.

However, it was of special interest to find that when the comprehension
test preceded the intelligibility test, the effect was to enhance single
word intelligibility consistently by about 10% at all the five compressed
rates. Apparently, hearing the words (without listening for them) during
the comprehension test provided the Ss with some context for recogni-
tion during the intelligibility testing,

Prior to this finding, it was known that a number of authors studying the
intelligibility of compressed words familiarized their Ss with the words
in the lists used for testing, and, as a consequence, obtained higher in-
telligibility scores in a range of compressions comparable to those used
in this experiment. So, we decided to provide some familiarization
with the words in a second experiment,

In the second experiment, the same list of words used in the first exper-
iment was presented once at a normal rate prior to each of the five com-
pressed presentations. It was of further interest to compare the effect
of the carrier phrase in the first experiment. This was accomplished
by presenting the list of words with each word in isolation, that is,
without any surrounding linguistic context,

The results proved interesting for two reasons: (1) one prior presenta-
tion of the list before testing did enhance scores by 10% on the average,
and (2) when the intelligibility scores for the first experiment were
compared, recognition was 4% higher for the words heard in isolation.
‘This second result can be seen in Figure 7. 2.

Concerning the first finding, it is not suggested that the effect of hearing
the words during the passages provided the same kind of 'familiari-
zation' that was provided when the complete list was heard, The Ss
were evidently able to use the meaningful context of the words when the
test followed the passages, but what was gained when the list of words
was presented, per se, was an explicit limiting of the alternatives to
which the listeners had to direct their attention.

The second finding, presented in Figure 7,2, was unexpected. We sup-
posed that the Ss could derive temporal cues from the words preceding
the test words when they were embedded in the carrier phrase, '"You
will write __ (the test word) mnow.' These cues would be completely
lacking in the case of the words presented in isolation, and we expected
scores to be lower in this case. Very simply, since the words were the
same in both cases, we supposed that the carrier would facilitate recog-

nition,
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We discovered, however, when we listened to the words ourselves and
compared the duration of the words pronounced by our reader in the
carrier phrase to the same words pronounced by him in isolation, that
the isolated words were greater in duration, It came to our attention
after the experiment that this phenomenon had been commented on before
in the literature. When words are pronounced without any surrounding
linguistic context, they tend to be elongated, We felt that this was the
explanation for the consistently higher scores, notwithstanding the sup-
posed temporal value of the carrier phrase.

Since the results indicated that it was the duration of the individual words
that influenced their recognition, and also that familiarity with them was
in another sense a factor, we decided to explore the possibility that words
encountered more frequently in daily usage and words of more syllables
would be more intelligible. Rather than implement another experiment,
we analyzed the written responses of our Ss on the first experiment,

The 159 words were categorized in terms of the number of syllables in
each, and their Thorndike-Lorge frequency of occurrence in the Amer-
ican language, Since this analysis was not planned and every word has
the characteristics of length and familiarity, we had to be content with a
relatively small number of words where the effect of these two faciors
could be observed independently,

Table 7.1 describe:s the 159 words in terms of length and familiarity.
This table shows that the majority of the most familiar words (in the top
row) were of cne and two syllables in length, and that the least familiar
words (the bottom row) tended to be of more syllables, Words of an in-
termediate frequency of usage also fit the pattern. In short, lengthy
words tended to be unfamiliar,

The combinations of the characteristics of length and familiarity prob-
ably account for the results shown in Figure 7.3. This figure shows
that word length had a different effect on intelligibility for lower speech
rates than for higher, With reference to the upper three curves, it can
be seen that where more than 40% of the original signal remained, word
length exerted little effect on word recognition, However, for the two
lower curves, there was a consistent and marked decline in the intelli-
gibility of longer words,

It was of considerable interest to identify the effects of these two factors
independently. I will speak only of the most familiar and least familiar
one and two syllable words,

ity e M I AT, P O SO I S G e L e L s o

It can be seen in Figure 7.4 that more familiar words (these are the up-
per curves) were always more intelligible, and that this tendency was
magnified somewhat as more of the signal was discarded. (The mean
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differences between the upper and lower curves, from left to right, are
about 10%, 4%, 20%, 37%, and 20%.) Also, as the speech rate was
increased, the effect of an additional syllable was to enhance word in-
teiligibility where 40% or more of the original signal was present, but
to depress intelligibility thereafter. This tendency was most clear in
the case of the most familiar words, and less so for the least familiar.

TABLE 7.1
A DESCRIPTION OF THE WORD LIST IN TERMS OF THE

NUMBER OF SYLLABLES IN EACH WORD
AND THORNDIKE-LORGE FREQUENCY

Thorndike- "~ Number of Syllables in Word T

Lorge ———

500 most
comimon i - A ,, e
100 or r1ore

50 or more
per million - ' S
Less than 50 '7 7 7
per million _ ’ —

__Totals 59 59 28 12 1 159

The finding that lengthier words were less intelligible at the highest speech
rates seems to contradict the finding that words of greater duration were
more intelligible in Experiment II. This finding calls for an additional
factor as a variable in the perception of single words under compressed
speech conditions. We suggest that this factor is the phonetic structure

of words of many syllables, Within this suggestion is the implication

that the recognition of a word requires a molecular level of analysis of

its content. We found consistent evidence to fulfill this requirement.

All 159 of the words were transcribed syllabically and phonetically, and
every written response was matched with its transcription. The results
of this endeavor showed that the average number of words rendered cor-
rectly was 61, 38%, the average number of syllables correct was 65%,
and the average number of phonemes correct was 76.6%. Thus, although
a listener missed a word, it cannot be said that he missed it completely.
In fact, about 15% more information in phonemic terms is perceived
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than a higher level of analysis would indicate, that is, the level of the
whole word.



CHAPTER VIII
STUDIES ON THE EFFICIENCY OF LEARNING BY
LISTENING TO TIME-CCMPRESSED SPEECH

Thomas G, Sticht¥*

One of the intriguing aspects of the use of time-compressed speech is
that more information can be presented in a given amount of time. For
instance, if a message is time-compressed by 50%, it is possible to
present the compressed version two times in the same amount of time
required to present the uncompressed version once. A second alterna-
tive is that extra information may be presented in the time saved by
the compression process,

Both of these possibilities were obvious to Fairbanks, Guttman, and
Miron (1957a, b) in their work which introduced the automated time com-
pression process to the experimental investigation of learning by listen-
ing. In one of their studies they compared the comprehension of material
compressed by 50% (282 words per minute [wpm]), but presented twice,
with the cornprehension of the identical, uncompressed material requiring
the same amount of time for presentation. They found a slight increase
in comprehension with the repeated time-compressed message over that
obtained with the single presentation of the uncompressed message.

Their work also indicated that the double presentation appea.ed slightly
more successful with men of moderate than of high mental aptitude.

The work of Fairbanks and his associates suggested to me that the repeti-
tion procedure might prove even more successful with very low aptitude
men, I was also interested in finding out if the c:c:mprehan&@n of repeated
time-compressed messages might be different for different combinations
of compression. For instance, a message compressed by 40% and re-
peated at a compression ratio of 60% might produce a higher level of com-
prehension than if the reverse sequence was used, i.e., if the 60% com-
pressed version was presented before the 40% compressed version. This

*Dr. Thomas G. Sticht is with the Human Resources Research Organi-
zation at the George Washlngtﬁn University, Presidio of Monterey,
California 93949,
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might be so because more information could be stored from a less com-
pressed and, hence, more slowly presented message to facilitate the
comprehension of a more rapidly presented message. To check these
ideas out, an experiment was per” ~med in which the comprehension of
repeated time-compressed messages, presented in several repetition
sequences, was compared with the comprehension of messages presented
one time in eithber compressed or uncompressed versions.

Comprehension of Repeated Time-Compressed Messages

For this study, a selection on the use of Carbon 14 for dating relics,
taken from Form 1A of the Sequential Tests of Educational Progress,
was used., The tape-recorded listening selection was compressed by an /
Eltro Information Rate Changer to produce compression ratios of 0, 36,

46, 53, and 59%. In wpm rates, these compression ratios correspond

to normal (175), 275, 325, 375, and 425 wpm. A 20-item ''fill-in-the-
blank'' test was prepared to evnluate listening comprehension.

These listening selections were grouped to form four pairs of repeated
messages. One tape presented the passage compressed by 36% and re-
peated at 59%. The remaining tapes were paired to produce compressed
message sequences of 59% followed by 36%, 46% followed by 53%, and
53% followed by 46%. When paired in this way, the combinations of 36%
and 59% required 105% of the time required to listen once to the uncom-
pressed message, and the combination of 46% and 53% required 101% of
the normal listening time,

Subjects of high and low mental aptitude were selected from Army inductees
who scored high or low on the Armed Forces Qualification Test (AFQT).

In terms of intelligence, these groups represe..ted men having IQs of
around 120 plus, and 90 or below (Hedlund, 1969). Individual Ss listened
to the tapes in a sound-deadened room. They listened to both levels of
compression of the repeated message before taking a 20-item ''fill-in-
the-blank" comprehension test which was presented aurally.

The results of the experiment are summarized in Figure 8.1, This fig-
ure compares the comprehension of the repeated messages with the com-
prehension of the same listening seiection when presented one time at
compression ratios of 0%, 36%, and 59%. These data were obtained
from Ss tested in previous research (Sticht, 1968) who were matched
with the present Ss on AFQT,

As Figure 8.1 indicates, both high and low aptitude Ss showed improved
comprehension with the repeated selections, However, in no case did
the double presentation improve comprebension over that obtained with

a single presentation of the uncompressed celzction. The only suggestion
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that performance may have improved over that for a single presentation
is with the lower mental aptitude group with the 59%-36% sequence. How-
ever, the difference was not statistically significant (Fischer exact prob-
ability test).

A feature of note in Figure 8.1 is that, in both double presentations at
53% and 46% compression, comprehension was better than with a single
~resentation at either of these compression ratios. Many studies (Foulke
& Sticht, 1969) have reported a notable decrease in comprehension with
single presentations of messages at word rate~ of 325 or 375 wpm. The
present results indicate that, for both ability roups, some savings oc-
curred from listening first at either 375 or 325 wpm before listening to
a repetition of the message at these word rates (in this regard see Jester
& Travers, 1967). But apparently the savings was not sufficient to raise
the performance level above that for the single presentation of the uncom-
pressed passage. |

i
As mentioned earlier, Fairbanks et al. (1957b) obtained results similar
to those of the present research, A double presentation of materials
compressed by 50% (282 wpm) resulted in a very slight improvement in
comprehension over that for a single presentation of the uncompressed
message. Their results, the work of Friedman, Graae, and Orr (1967),
Hopkins (1969), and the present results seem to indicate that using the
extra time resulting from the time compression of materials to simply
repeat information is not likely to improve learning over what could be
obtained by listening once to the uncompressed message presented within
the 'mormal'' range of speech rate, Furthermore, the work of Fairbanks
et al. (1957b) suggests that listening twice to the uncompressed message
is not likely to produce very drastic improvements in comprehension--
if any at all. Possibly the effectiveness of repeated time-compressed
messages may be increased for Ss who are trained in listening to time-
compressed speech, but there is no firm data to suggest this (cf.,
Friedman et al,, 1967).

On J.earning More Per Unit of Time by Means of
Time-Compressed Speech

A second possibility which has been mentioned for improving the efficiency
of learning by listening is to use the time saved by the compression of
material to present additional information. Fairbanks et al. (1957a) used
the time saved resulting from 30% (201 wpm) compression of a message

to emphasize certain portions of the message. As they pointed out, this
amounts to trading temporal redundancy for verbal redundancy. Their
results indicated that the reinforcing of certain parts of the selection did,
indeed, increase the comprehension of the emphasized materials.




However, this increase appeared to occur at the expense of the remaining
unemphasized content, for the comprehension of this material showed a
highly significant decline. Thus, the overall comprehension score for
the reinforced compressed material was less than the overall score for
the uncompressed material.

Fairbanks and his associates suggested that emphasizing certain parts
of the message may have led the Ss to assume that verbal redundancy
meant 'important to learn' and, hence, such emphasis may have selec-
tively focused attention upon certain parts of the message, while dimin-
ishing attention to the remainder of the material. This suggested to me
that if the time saved by the compression process was used to present
additional new information, perhaps an overall increase in the amount
learned in a given unit of time might occur,

To evaluate this idea, research was performed in which independent
groups (N = 15 per group) of high (AFQT > 80) and low (AFQT < 30)
aptitude men listened to a recorded message presented under five differ-
ent conditions. Under one condition, the men listened to the message pre-
sented at a normal uncompressed speech rate of 178 wpm. The time
required to listen to the uncompressed message was 6 minutes 4 seconds.
By means of the time sampling compression method, two additional ver-
sions of the message were presented. One was compressed by 36%,

frorn 6 minutes 4 seconds to 3 minutes 53 seconds. The third version of
the message was produced by compressing the message by 53%. This
resulted in a speech rate of 378 wpm and reduced the listening time from
6 minutes 4 seconds to 2 minutes 52 seconds. Thus, three versions of

a message were available having speech rates of 178, 278, and 378 wpm
and for which the time needed to listen to the message decreased from

6 minutes 4 seconds in the case of normal speech to 2 minutes 52 seconds
using speech of 378 wpm. These tapes were used to assess the effects

of increasing the speech rate upon the comprehension of a recorded mes-

sage.

Two additional groups of high and low aptitude men listened to the test
message at 278 (N = 14) or 378 wpm and then listened to additional infor-
mation until their total listening time was 6 minutes 4 seconds, i.e.,

message. These groups thus listened to what the previous three groups
had heard, plus additionai information. For all conditions, Ss were
assigned to the various treatment groups in an unsystematic manner, as
they became available, until all treatment cells were filled.

The message used in this study was the '"Roland'' selection from the stan-
dardized listening passages prepared by Clark and Woodcock (1967), Sub-
‘jects listened to this selection in an open classroom. They were seated
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in a semicircle around a tape recorder adjusted to a ''comfortable' lis-
tening level determined by the group. Subjects listened first to the re-
corded instructions on the standardized listening tapes (they were instructed
to ignore the references to earphones in the instructions). Then they
listened to the ""Roland' selection. Immediately after the presentation of
the listening selection, Form A of the comprehension tests was adminis-
tered both by reading and listening., This test contains 28 four-alternative
multiple-choice questions. In the present research, the 6 minutes 4 sec-
onds of listening time presented at a normal (178 wpm) speech rate pro-
vided answers relevant to only the first 14 of the 28 test items. This

was true also for the two compressed versions in which the listening time
were 3 minutes 53 seconds and 2 minutes 52 seconds, For the compressed
versions in which the listening time was held constant at 6 minutes 4 sec-
onds, information relevant to both the first and second halves of the com-
prehension test was presented. In this case, more relevant test information
was presented in 6 minutes 4 seconds with the speech rate at 378 wpm than
at 278 wpm. Of primary interest was whether or not holding the listening
time of the compressed message equal to that of the uncompressed mes-
sage would result in an overall increase in scores on the total 28-item

test.

The results of the study are summarized in Figure 8.2. In this figure,
the unfilled symbols designate the conditions for which the listening time
was constant at 6 minutes 4 seconds. The filled symbols indicate those
conditions for which listening time was reduced. The square symbols
are for the high aptitude Ss and the round symbols are for the low aptitude
Ss. The abscissa indicates the rate of speech at which the message was

presented, and the ordinate is the percent correct on the 28-item com-
prehension test,

The data indicate that, under those conditions in which the speech rate
was increased and the listening time was reduced, comprehension de-
creased for both high and low aptitude Ss. This is the typical finding
regarding the relationship between speech compression and comprehen-
sion (Foulke & Sticht, 1969),

The data of primary interest are given by the unfilled symbols. In this
case the listening time was constant at 6 minutes 4 seconds, Whlle the
speech rate was increased from 178 to 278 to 378 wpm. Thus more in-
formation was presented with the faster rates of speech. The data of
Figure 8. 2 indicate that, for higher aptitude men, there was no increase
in comprehension scores when more information relevant to the test was
presented at accelerated speech rates. For lower aptitude men, there
is a suggestion that listening to additional information at accelerated
speech rates may have improved comprehension over that obtained by
listening to less information at the sarne accelerated speech rates. How-
ever, the differences indicated in Figure 8.2 are not statistically signif-
icant (t tests; p = .05),
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These data indicate that listening to additional information in the time
saved by the time compression of speech may not lead to increased
learning. In the present study this was true even for material com-
pressed only 36% and presented at 278 wpm, and even though this com-
pression resulted in a higher 'listening efficiency'' score, i.e., more
was learned per time spent listening, than obtained with the normal
(178 wpm) rate of speech. This was so for both aptitude groups.

As mentioned earlier, Fairbanks et al, (1957a) attempted to increase
learning by using the extra time resulting from 30% compression to
emphasize certain content in a recorded message. They found that,
whereas the learning of the emphasized materials was, indeed, im-
proved, the learning of the unemphasized materials declined, and the
total comprehension score stayed about the same as that obtained by
listening to the message presented at a normal rate of speech and with-
out added emphasis. Fairbanks et al. (1957a) suggested that empha-
sizing certain content might have caused Ss to consider that content as
more important than the remaining content, and hence they may have
ignored the unemphasized materials, They also mentioned the possi-
bility that the response to the emphasized version of the message may
have actively inhibited the response to the unemphasized content,

The present results are essentially the same as those found by Fairbanks
and colleagues. But in the present case, the possibility of selectively
focusing attention through emphasis of materials was avoided and,
hence, does not explain the failure to find improved learning with ex-
tended listening, However, the notion of inhibition may be related to
the present findings. An analysis of the responses of high aptitude Ss
to the first and second halves of the 28-itern test indicated that, with
the materials presented at 278 wpm, the scores on the first half of the
test decreased slightly when the message was 6 minutes 4 seconds in
duration as opposed to when the message length was only 3 minutes

53 seconds in duration. Thus, there is the possibility that retroactive
inhibition may have occurred such that listening to additional material
may have interfered with the retention of previously presented mate-
rial. However, the evidence for this is very slight. Also, this inter-
pretation is not confirmed by the data for the low aptitude men who,

in fact, showed a slight increase in performance for both halves of
the test when listening time at 278 wpm was extended frorn 3 minutes
53 seconds to 6 minutes 4 seconds,

Comments on the Efficiency of Learning by Listening

to Time-Compressed Speech

To recapitulate briefly, several research studies have attempted to dem-
onstrate that the time saved by time compression might be used to
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increase learning over that which could be obtained by listening once to
the uncompressed materials, These studies have used the time saved
by the compression process to repeat or review messages (Fairbanks

et al., 1957b; Friedman et al., 1967; Hopkins, 1969; the present work),
to selectively elaborats parts of messages (Fairbanks et al.,, 1957a),

or to present additional new, but related, information (the present re-
search). To date, none of these techniques have heen found to signif-
icantly increase the amount of learning over that obtained from a single
presentation of the same, or unelaborated, or less extensive material
presented in an uncompressed format with speech rates between 140-178

WPm -

On the basis of these limited data it appears as though the technique of
trading time for information has not resulted in more information being
processed by the listener for short-term retention. Most significantly,
this has been true for materials compressed to speech rates of 275-300
wpm for which listening "efficiency, '""i.e., the amount learned per

unit of listening time, has actually been higher than obtained with '"nor-
mal'' materials. Thus, the implication that, because of improved lis-
tening efficiency, more information can be iearned in a unit of time
with moderate compression has yet to be substantiated,

ious resear«:h ai’fcrts under EDHSldETatLGn hl(;‘h serve ta 1111*111; conclu-
sions to be drawn from them. For one thing, practically all of this
research has involved listeners untrained in listening to compressed
speech, This, of course, requires no further comment. Secondly,

all of the studies have used materials within a given subject matter
area. Possibly the probability of interference factors might be reduced
if a different type of content was presented in the time saved by the com-
pression process, Thirdly, these studies have presented the additional
information in a single sitting and immediately tested for learning.
Perhaps some spacing of the presentation of new compressed infor-
mation might increase learning over that obtained by continuously
listening for the same amount of time to uncompressed materials (but
see Friedman et al. [1967] for preliminary negative findings using
long-term intervals between repetitions of materials),

As a final comment upon the efficiency of learning from moderately
time-compressed speech, it should be pointed out that the studies re-
ported in this paper have all been concerned with using the time saved
by the time compression process for increasing the learning of a given
group of Ss. An alternative would be to use this timesavings for other
purposes, such as instructing additional students. Thus, the efficiency
c:f time- campressed listenmg dc:es not rest scﬂely‘ on dem@nstraﬁng an

by the demcnstratmn that more graups per umt gf time can be in-
structed with moderate compression. This is fait accompli in the many
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studies, including the present ones, which demonstrate that much
learning can occur with materials that have been compressed by 30-40%.
Clearly this timesavings can be used to instruct additional listeners.

It is also obvious, and I'm sure this fact has not escaped many of you
who have doggedly tested several groups of Ss in a single day, that the
time saved by the compression process can also be used by researchers
to recover between treatment groups.
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CHAPTER IX
THE APPLICATION OF RATE-CONTROLLED RECORDINGS
IN THE CLASSROOM

Richard W, Woodcock*

Several interrelated studies pertaining to the application of rate-controlled
recordings in the classroom were conducted during the 2 year period from
1966 to 1968, This series of studies involved approximately 700 Ss in-
cluding normals, mental retardates, and the culturally disadvantaged.

The Ss were drawn from grades 3 through 6, and from classrooms for
adolescent mental retardates, The experimental instructional mate-

rials were biographical passages of 2,000 to 4,000 words in length.,

Three of these passages comprised the set of materials known as the
Standardized Listening Passages (Clark & Woodcock, 1967). The other
studies utilized a set of 20 passages, each approximately 4,000 words in
length, comprising the Negro Heritage Series (Clark, 1968), The sev-
eral studies utilizing these materials were designed to approximate school
learning situations as closely as possible while retaining the necessary
research controls,

The results of these studies have provided information concerning sev-
eral aspects of utilizing rate~controlled recordings in the classroom.
The following questions were among those of concern:

1. Which type of media provides the most effective learning situation--
listening plus viewing correlated slides, listening alone, or reading?

2. What is the effect of rate of presentation upon comprehension test
scores and upon learning efficiency scores?

3. What is the relationship of intelligence to learning information through
rate-controlled presentations ?

4., How well do pupils retain the information learned via rate-controlled
recordings as a function of time ?

5. What are the effects of review upon performance ?

6. What are the effects of practice with rate-controlled recordings upon
performance ? '

*Dr, Richard W, Woodcock is Director of Research, American Guidance
Service, Inc,, Circle Pines, Minnesota 55014,
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For the purposes of this paper, the details of research design and sta-
tistical analysis for the individual studies will not be presented. If this
information is desired, it can be obtained from the reports listed in the
references. (Clark, 1968; Clark & Woodcock, 1967; Woodcock & Clark,
1968a, 1968b, 1968c, 1968d.)

Studies Using the Standardized Listening Passages

Figure 9.1 illustrates a typical design of several studies which utilized
the Standardized Listening Passages (Woodcock & Clark, 1968a). These
studies typically examined performance across several words per min-
ute (wpm) rates; compared immediate retention with retention after one
week; and, generally, considered some aspect of intelligence. The
Standardized Listening Passages procedure requires Ss to listen to a
series of three passages. The first two passages and related tests are

alternate-form tests are used to provide experimental data,

Which Type of Media Provides the Most Effective Learning Situation?

The results of the studies reported in this paper were obtained through a
presentation procedure in which Ss viewed a set of correlated slides
while listening to a rate-controlled recording, During earlier studies,

a marked improvement in performance was observed when Ss viewed
correlated slides while listening to the presentation. One such study in-
volved adolescent mental retardates who, in certain cases, read the pas-
sages using a controlled reading device; in other cases, listened to the
passages; and, under the third condition, listened to the passages while
viewing the correlated slides (Woodcock & Clark, 1968d)., The results
of this study demonstrated the superiority of the listening plus slide
presentation over listening alone which, in turn, was more efficient as

a learning medium than reading the passages.

What Is the Effect of Presentation Rate upon Comprehension Test
Scores ? ' ‘

Figure 9. 2 illustrates performance across several rates for a group of
fifth-grade children with average intelligence. These data were derived
from multiple-choice tests over the passage contents and were obtained
immediately after the Ss listened to the passage and viewed the corre-
lated slides. Note that higher performance is at the lower wpm rates,
while performance at high wpm rates is relatively low. Performance at
378 and 428 wpm rates is at a level approximating that of Ss who took
the test only without listening to the passages and viewing the slides.

.
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How Efficient Is L.earning as a Function of Time Spent in Listening?

Figure 9. 2 illustrated the effect of rate upon test scores., Figure 9.3
represents a second, and quite important, way to look at the effect of
listening rate upon performance. The performance curve in Figure 9.3
portrays 'learning efficiency' or the relative amount of learning per
unit of listening time. Figure 9.3 illustrates that even though higher
scores were made at lower wpm rates, more efficient learning takes
place at higher wpm rates.

How Well Do Pupils Retain the Information Liearned via Rate-Controlled
Recordings ?

A comparison of immediate retention scores with retention scores after
1 week are shown in Figure 9.4. Note that the 1 week retention curve
is similar to the immediate retention curve except it is somewhat lower.
The results portrayed in Figure 9.4 illustrate that information learned
through the medium of controlled-rate recordings is retained and for-
gotten in much the same way as has been observed for learning obtained
through other modes.

What is the Relationship of Intelligence to Liearning via Rate-Controlled
Recording ?

Figure 9,5 illustrates performance curves for three levels of intelligence
within the fifth grade. The curve representing the highest level of per-
formance across listening rates was obtained by fifth-grade Ss with high
mental ages. The miiddle curve is the same data shown in Figure 9.2

for average fifth-grade Ss. The lowest curve portrays the performance
of fifth-grade Ss with low mental ages. Note the similarity of the three
curves, except for their general level of performance.

Another aspect of the relationship of intelligence to learning performance
is shown in Figure 9.6, In this case, the Ss comprising the three intel-

age., The performance curve for the average fifth-grade Ss is again the
same data as was shown in Figure 9.2. The low ability Ss are 'below-
average IQ'" students in grade 6, The bright Ss are '"above-average IQ"
Ss in grade 3. The results of this study indicate that when Ss have the
same mental age, even though they have different chronological ages and
IQs, their performance will be similar,
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What Are the Effects of Review upon Performance ?

Figure 9, 7 illustrates the design of a study which compared: (1) the sin-
gle presentation of a passage with, (2) the double presentation of the pas-
sage with, (3) a variation of the double presentation strategy in which

1 week elapsed between the first and second exposures to the passage
(Woodcock & Clark, 1968b). A question of special interest is whether

Ss who listen to the material twice, at double the rate, will demonstrate
more learning than those Ss who spend the same total listening time, but
only listen to the passage once,

Figure 9.8 summarizes the results of the review study in respect to test
performance. The overall differences among the three presentation
strategies were not significant at the .05 level, though it appears that

at very fast rates there may be a slight advantage in listening to the mate-

rial twice.

Figure 9.9 portrays the results of the review study in respect to learning
efficiency curves, Note that the results are similar for all three ap-
proaches, There is a trend in these curves suggesting that the single
presentation may be slightly more efficient at slower rates and that dou-
ble presentations may be more efficient at higher rates.

Studies Using the Negro Heritage Series

Figure 9,10 presents the design of the major study reported in this paper
involving the application of rate-controlled recordings in the classroom
(Woodcock & Clark, 1968c), The 20 Negro Heritage passages each re-
quired about 20 minutes of listening time at their original recorded rate.
The Ss listened to one of these passages each day, 4 days a week, for

5 weeks., After listening to each passage, the Ss were administered a
l2-item test over the contents of the passage. One week after complet-
ing the twentieth passage in the series, the Ss were administered an 80-
item comprehensive test over the contents of all 20 passages,

Examination of Figures 9,11 and 9. 12 indicate that the results of this
study are similar to the results obtained in the short-term studies using
the Standardized Listening Passages. Figure 9.11 portrays the com-
prehensive test score data for the Negro Heritage study. Note that again,
the highest scores were obtained by Ss who listened at the slowest rate
used in the study, while the lowest scores were made by those Ss who
listened at the fastest rate. The only Ss who did poorer were those who
took the test without having had the benefit of listening to the passages.
Figure 9.11 also compares the performance of Ss who listened to each
passage twice with those Ss who listened only once. As seen before, in
Figure 9,7, there seems to be little advantage from listening to the pas-

sages twice, | 102
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Figure 9. 12 shows the data of Figure 9. 11 transformed into learning
efficiency scores. The loss in learning efficiency by listening to the
same passage twice is clearly demonstrated. At no point did the ef-
ficiency of learning for those Ss who listened twice approach that of
Ss who listened only once,

What Effect Does Practice with Rate-Controlled Recordings Have
upon Performance?

Figure 9,13 portrays the week-by-week results obtained in the Negro
Heritage study. It appears that very little change in performance took
place after the initial exposure to rate-controlled recordings. A limit-
ing factor in this study was the lack of feedback to Ss regarding their
week-~to-week performance; however, in respect to sheer exposure to
the medium there was no marked improvement in performance with

practice.

Conclusions and Summary

Six major conclusions regarding the application of rate-concrolled re-
cordings in the classroom are implied by the results of the studies pre-
sented in this paper:

1. Listening plus viewing slides is a more effective and efficient medium
arning than is listening alone, which, in turn, is more effective
than reading (at least for Ss who are not yet good readers).

2. A pupil will achieve the highest score on a test over a passage at ex-
panded rates of 75 to 125 wpm.

3. A pupil's most efficient learning will take place at compressed rates
of approximately 250 to 300 wpm. (It is of interest to note that the nor-
mal speaking rate of 150 to 175 wpm provides neither the most effective
rate nor the most efficient rate.)

4. In respect to the relationship of performance to intelligence, mental
age is a very significant S variable. IQ, when mental age is held con-
stant, does not seem to be an important variable.

5. In respect to the value of review, a single pass through the material

to the same material.
6. After the initial two or three exposures to rate-controlled recordings,
continued practice produces little improvement in performance,

In summary, if I were assigned the task today of setting up an extended
program of school instruction using controlled-rate recordings, I would
do the following: prepare lessons to be presented audio-visually, not
audio alone. The visual presentation would change every one-half t

1 minute. If the instructional goal is for pupils to achieve the highest

wi» 406
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score possible after listening to the oral presentation, they would listen
once at a rate of 75 to 100 wpm. If the instructional goal is to achieve
the most learning in a limited time, the pupils would listen to the passage
once at a rate of 250 to 300 wpm, Following each presentation, the pupils
would be administered a2 short test or other evaluative device over the
contents and implications of the material to which they have just been ex-
posed,

These studies have provided further evidence that rate-controlled record-
ings can be an effective and efficient learning medium for children, The
self-contained nature of such materials and of 'listening-viewing centers"
can provide teachers with an easily handled and effective instructional
situation,
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CHAPTER X
PROCESSING TIME AS A VARIABLE IN THE COMPREHENSION
OF TIME-COMPRESSED SPEECH

Ruth Ann Overmanni*

Time-compressed speech is speech reproduced in less than the original
production time, The compression process can be accomplished in a
number of different ways, but the method used in the work to be de-
scribed is one that permits an increase in word rate without altering
other characteristics of the message such as timbre or pitch, The de-
termination of the optimal rate of speech at which man can still ade-
quately encode, store, and retrieve the information in a spoken message
is a problem of great interest for those engaged in research on the per-
ception of time-compressed speech and it is to this problem that the
following paper is directed,

Originally, interest in time-compressed speech grew out of a need to
increase the amount of information that could be communicated aurally
in the time available for such communication. Blind students, for ex-
ample, would be significantly assisted if they could read at a rate that
compares favorably with the silent visual reading rate of 251 words per
minute (wpm), the median reading rate for high school seniors (Harris,
1947). The reading rate of the individual who reads by listening is ordi-
narily determined, not by his own reading requirements, but by the rate
at which his oral reader speaks. Foulke (1969, Ch. 11) found a mean
oral reading rate of 177 wpm for a representative group of professional
oral readers employed in the Talking Book program. Typical braille
reading rates are even slower, Ethington (1956) found an average
braille reading rate of 90 wpm for high school students, and 120 wpm
for experienced adult braille readers. Thus, under the best of condi-
tions, the blind reader receives two-thirds the amount of information
that the sighted reader receives in the same period of time.

*This experiment was performed by Ruth Ann Overmann while a graduate
rescarch assistant in the Perceptual Alternatives Laboratory at the
University of Louisville, Louisville, Kentucky, and was reported in her
master's thesis,
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A method for the time compression of recorded speech without the dis-
back of a tape or record was suggested by the results of an experiment
reported by Miller and Licklider (1950). They demonstrated the re-
dundancy of normal speech by testing the intelligibility of monosyllabic
words, the reproduction of which was interrupted periodically by means
of an electronic switch., They found that when the samples eliminated
from the reproduction by interruption of the signal did not exceed 50
milliseconds (msec.) in length, word intelligibility did not fall below
90% until 50% of the signal had been eliminated, In this study, intelli-
gibility was operationally defined as the ability to repeat words accu-
rately, and this definition is followed in the work reported here,

The next step in the development of compressed speech was to close the
gaps between the remaining parts of the interrupted words. Garvey
(1953b) accomplished this operation by periodically cutting out segments
of a recorded tape, and by splix:ifig the free ends together again, The
speech that resulted from the reproduction of this tape was accelerated
without distortion in vocal pitch.! Obviously, this technique of speech
compression was far too time-consuming and cumbersome to be of any
practical use, but it did demonstrate the soundness of the approach.

In 1954, Fairbanks, Everitt, and Jaeger described an electromechanical
device for the time compression of speech, This device makes use of

a sampling wheel, with four tape playback heads equally spaced around
its curved surface, As the tape to be reproduced passes over the curved
surface of the sampling wheel, the wheel rotates in the direction of tape
motion and, as each playback head is periodically brought into contact
with the moving tape, it reproduces a sample of the signal recorded on
the tape. As a given head loses contact with the tape and, hence, ceases
to reproduce the signal recorded on it, the next head in line makes con-
tact and commences reproducing. However, a segment of tape, equal

in length to the distance along the curved surface of the sampling wheel
separating these heads, is skipped, and is therefore eliminated from the
reproduction. The output, then, consists of samples of the original re-
cording, abutted in time. The amount of compression depends upon the
Speech intelligibility will be preserved if the discarded samples are of
short enough duration so that every speech sound is sampled (Foulke,
1969, Ch. 2).

Using this method, it is possible to accelerate the word rate of connected
discourse by any desired amount. The basic limitation in amount of com-
pression is the listener's ability to comprehend what he hears.

The effect of compression on the intelligibility of single words and on
the comprehension of connected discourse has been studied by several
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investigators. Garvey (1953b), using his manual sampling method, found
a 10% loss of intelligibility for words compressed to 60% of original dura-
tion. Compressing fluent speech by this would result in a word rate of
292 wpm, assuming an initial word rate of 175 wpm. Kurtzrock (1957),
using the electromechanical sampling method, found 50% intelligibility
for words reproduced in only 15% of original production time, Fairbanks
and Kodman (1957) found 50% intelligibility when only 13% of the original
word was present. Connected discourse, subjected to a compression of
this magnitude, would be reproduced at a rate of 1,000 wpm, or more.
The low intelligibility of the individual words in messages presented at
these rates should be counteracted to a considerable degree by the re-
dundancy in connected discourse, and theoretically, it should therefore
be possible to demonstrate significant comprehension of messages pre-
sented at rates in the range of 1,000 wpm. Yet, as the following research
will clearly indicate, this is not the case.

Comprehension, as measured by performance on a test of the facts and
implications of a listening selection, has also been shown to decrease
as a function of an increase in word rate, Both Nelson (1948) and
Harwood (1955) demonstrated an insignificant loss in comprehension

of 141, 201, and 282 wpm, Fairbanks, Guttman, and Miron (1957c)
found little difference in comprehension scores. However, comprehen-
sion declined from 58% of test items correctly answered at 282 wpm to
26% at 470 wpm. Since the tests used were of the multiple-choice type,
a mean score of 26% would not be significantly different from chance
performance.

The nature of the material presentzd in a listening selection could be

one of the factors determining the rate at which comprehension is lost

as word rate is increased. Using both literary and technical listening
material, Foulke, Amster, Nolan, and Bixler (1962) demonstrated that
comprehension was only slightly affected by word rates of up to 275 wpm.
In the range from 275 wpm to 375 wpm, there was a sharp decline in
comprehension as the word rate was increased for both types of listening
material. Also, the comprehension scores of the blind Ss at the 275 wpm
rate were essentially the same as the scores of the sighted Ss who had
silently read the material and answered the test items.

In a single experiment, Foulke and Sticht (1967a) measured the influence
of compression on both word intelligibility and listening comprehension,
They found that both intelligibility and comprehension decreased as the
amount of compression was increased but that comprehension declined
more rapidly than intelligibility. The intelligibility of single words was
always superior to the comprehension of connected discourse, and de-
clined gradually as the compression was increased from the value re-
quired for a word rate of 225 wpm to the value required for a word rate
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of 425 wpm, Comprehension scores, on the othe: hand, declined mod-
erately from 225 to 325 wpm, but very rapidly thereafter,

The conclusion suggested by these and other studies is that listening com-
prehension begins its rapid deciine at a compression rate that leaves
word intelligibility relatively intact. It is, of course, to be expected

that comprehension scores would be lower than intelligibility scores.

The listener's task, when he is required to demonstrate comprehension,
is more difficult than the task required when intelligibility is measured,
However, if the decline in listening comprehension is due solely to the
loss of word intelligibility, then an improvement in the intelligibility of
words presented at a given level of compression should be followed by
the improved comprehension of messages constructed from those words,
In an experiment by Foulke (1969, Ch., 12), listeners were taught a vocab-
ulary of words compressed by an amount sufficient to produce a rate of
approximately 500 wpm for connected discourse, They received practice
in the identification of these words until they had achieved near perfect
performance, Then, they were required to reproduce sentences com-
posed of these words and presented at approximately 500 wpm, Errors
in reproduction were numerous and did not yield to practice in spite of
the steps that had been taken to insure the intelligibility of component
words,

Another source of evidence for the rejection ¢ poor word intelligibility
as the only factor accounting for the decline in listening comprehension
at high levels of compression is provided in an experiment by Foulke
(1969, Ch, 12). A professional reader read the same listening selection
at three different word rates: 149, 164,6, and 195. 7 wpm. These three
renditions were then compressed to the same final rate of 275 wpm. In

order to achieve this, it was necessary to compress the three renditions

to 71%, 60%, and 50% respectively of their original production times, In
spite of the fact that the intelligibility of the words in the three renditions
differed as a consequence of the different amounts of compression to
which they had been subjected, the distributions of comprehension test
scores for the three groups of Ss who heard these selections were not
significantly different.

In any case, the finding that intelligibility is lost at a different rate than
comprehension as the amount of compression is increased remains to be
explained., In one attempt to explain this fact, Foulke and Sticht (1967a)
have adopted the computer storage model of cognitive processing. This
model describes in terms of input, matching, storing, and retrieval op-
erations, the task of reading a verbal selection and remembering signif-
icant aspects of it. The conscious sensory acts involved in reading or
listening are equivalent to the input operations of feeding data into a com-
puter. The next operation, storing this material, involves two processes:
first, the matching of the words in the message with an already stored

b P
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vocabulary of words and phrases; and second, the as yet unspecified
mechanisms necessary for the synthesizing and coding of the material
for memory. Memory is of two types, long-term and short-term. Pre-
sumably, only the whole intact message is involved in short-term mem-
ory operations and it is in this brief time that the matching and coding of
the message takes place for the long-term storage, Retrieval is the
name given to the actual remembering process, in which the coded in-
formation is decoded.

Thus, as Foulke and Sticht (1967a) point out, word intelligibility could
be explained in the operation sequence of: input, matching short-term
memory storage, and retrieval. However, the task is not quite so sim-
ple in comprehension, There must be a continuous process of input,
matching, buffer storage, those encoding processes required for the
transduction of input material to a form suitable for long-term storage,
and a final decoding step required to retrieve information from the long-
term memory storage bank.

The significant difference between the two tasks is the added number of
processing operations., In normal speech of approximately 150 to 200
wpm, there is apparently more than encugh time to perform all of these
processing operations on all of the incoming information to make what

is heard understandable. The individual can still retrieve the message
adequately as evidenced by the relatively high scores on tests of compre-
hension. However, as the word rate of listening material is increased,
the time availahle for these processing operations is decreased, A rate
is ultimately reached at which there is no surplus time in which to per-
form the needed operations. As word rate is increased beyond this
point, the rapid decline in comprehension begins., As seen in the previous
studies, the individual is still able to handle rates of up to 275 wpm; but
after this point is reached, comprehension scores begin to decline,.

To explain the information processing capacity of the organism, Miller
(1953, 1956) has employed the concept of a communication channel which
has a finite capacity. If more information is presented to the individual
than he can handle, then some of this information will not be processed
and cannot subsequently be stored for later retrieval. Thus, in higher
word rates, the channel capacity could be exceeded and information
would be lost, Compressed speech complicates this process all the
more, In the language of the computer storage model, there are fewer
cues present in the compressed word to aid in the recognition process
and consequently more items in the individual's store of vocabulary must
be rejected before the correct match is found, Essentially, the process
of compression reduces the redundancy of the individual words in the mes-
sage that is to be comprehended. Thus, as available processing time de-
creases with increasing word rate, the growth in word uncertainty
increases the demand for processing time, After channel capacity is
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- sibility of that selection,” There already is some support for this hy-

. oral reading of sequences of numbers, In the other condition, these re-
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reached at approximately 275 wpm, comprehension should begin to de-

cline, and the slope of this line should become gradually steeper as the
rate of compression is increased. Foulke (1968b) compared the results
of several investigations of comprehension and the evidence offers ten-
tative support for this hypothesis.

If the suggested explanation of the change in the rate at which compre-
hension is lost with increasing word rate is correct, one consequence
should be that efforts toward training listeners to comprehend very fast
speech will meet with only limited success. The nature of the neural
mechanisms involved in the processing of stimulation may set a fairly
inflexible upper limit on the rate at which units of information can be
obtained from stimulus displays, and efforts to exceed this limit may
only interfere with the listener's perceptual machinery. The results of
training effarts so far attempted seem to confirm this expectation.
Foulke (1964a) evaluated the efficiency of four different training methods
in improving the comprehension of compressed speech, One group re-
ceived prolonged practice in listening at a constant, high word rate, A
second group received practice.in listening to material presented at a
word rate that was initially slow, but which was gradually increased to
a very fast word rate over the course of training. For two additional
groups, word rates were managed in the same way, but listening selec-
tions were interrupted frequently to question Ss about material just
heard. None of the four training methods YIEltﬂ%d any significant im-

provement in the comprehension of compressed speech.

Other attempts at improving the comprehension of compressed speech
by training have been only moderately successiful (Orr, Friedman, &
Williams, 1965), There does appear to be an initial "warm-up" effect,
or adjustment to the task of listening to compressed speech, as shown
in the results of an experiment by Voor and Miller (1965). They pre-
sented flve different listening selections to a group of Ss at a rate of
380 wpm. Each selection was followed by a multiple- choice test of
comprehension. There was an improvement in mean comprehension
scores from the first to the third selection, but from the third to the
fifth selection, there was no further improvement.

If the influence of time compression on the comprehension of connected
discourse is consonant with the model suggested in this paper, then the
reinsertion, at the syntactic boundaries in a listening selection, of the
processing time removed by compression should restore the comprehen-
pothesis in the literature. Aaronscn and Markowitz (1967) studied the
effects of compression on the recall of sequences of spoken digits, In
one condition, Ss listened to the straight reproduction -of the recorded

corded sequences of numbers were compressed to 67% of original dura-
tion, and enough unfilled tirne”_”’ as inserted between each of the spoken
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numbers to restore the time required for the reproduction of the sequence
to the original production time. The results of this experiment showed
that immediate recall accuracy was significantly higher for compressed
than for noncompressed sequences, thus suggesting that the additional
information in the normal sequences was not necessary for encoding and
retrieval, and that processing time was the significant variable.

The question of the relative contribution of degradation in word intelligi-
bility and deprivation of processing time to the decline in comprehension
of highly compressed speech is an important issue for both theoretical
and practical reasons. Theoretically, its resolution would contribute to
an increased understanding of the perception of verbal inputs. Practi-
cally, if the problem is primai'i].y one of poor word intelligibility rather
than insufficient channel capacity, atteution can be directed toward the
development of training methods to help the listener discriminate sounds
that are unfamiliar in their compressed form, and to the development of
improved equipment for the compression of speech. If insufficient chan-
nel capacity is the principal difficulty, one might consider the investigation
of various strategies that could be employed in listening to compressed
speech.,

The following research was an attempt to answer the question of why com-
prehension declines at high word rates of compression by suggesting that
and not to a loss of word intelligibility. An experiment was performed
using tapes that were time-compressed at different word rates and tapes
in which the individual phrases and sentences were compressed with time
added to restore the tape to the original production time. This unfilled
time was to replace the processing time lost in the compression process,
If the adding of ~rocessing time is the answer to the loss of compreher-
sion, the comprehension scores should parallel the intelligibility scores
at all word rates. In the following experiment, if this hypothesis is tri..,
the selections to which processing time has been added should result in:

selections that have not had any time added to them, and (2) a significant
interaction effect that would indicate the different rates of decline in com-
prehension as the compressed word rate increases for the two groups. i

Method

Subjects

One hundred and forty introductory psychology students at the University
of Louisville served as Ss in this experiment. None had prior experience
with compressed speech and all were free from any obvious hearing de-
fects,

s
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Experimental Materials

Listening comprehension was measured by the Nelson-Denny Test of
Reading Comprehension, Form B. Form B consists of eight short
listening selections with several questions covering the material in
each selectiun, Selection 1 contains 600 words with eight questions,
and each of the remaining selections contains approximately 200 words,
with four questions per selection. A score of 36 is the highest possible

score,

The selections were recorded by a professional reader at the American
Printing House for the Blind. Two copies were made of this tape. One
tape was compressed using an electromechanical speech compressor of
the Fairbanks type (Fairbanks et al., 1954) built at the University of
Loouisville. The tape was reproduced by the speech compressor at those
compressions needed to achieve word rates of 250, 325, and 400 wpm.
Playback time was measured for each selection and the differences be-
tween the compressed form and the original playback time was figured
for each of the three compressed word rates. The number of pauses
between phrases and sentences was then determined for each reading
selection. The time difference between each of the compressed word
vates and the normal word rate was distributed between the phrases and
sentences with the pauses between the sentences receiving twice as much
time as the pauses between the phrases. The time was added to the tape
by splicing in the proper amount of leader tape between the phrases and
sentences and the resulting tape was copied for use in the experiment.
This tape contained reading selections with phrases and sentences com-
pressed to the equivalent of 250, 325, and 400 wpm in connected dis-
course with enough unfilled time added to approximate the time of the
original master tape playback. Table 10.1 is a compilation of playback
times for the original compressed tapes and time-added tapes fc:r each
selection and for each compression rate,

The output of the speech compressor was recorded on magnetic tape via
a Crown tape recorder, model 800. During the experiment, these tapes
were reproduced on a Wollensak tape recorder, model T-1500. The out-
put of this recorder was distributed to the Ss through cushioned headsets.
Each headset's volume could be adjusted by the S for comfortable lis-

tening.

Pr@cedure

- The 140 Ss were divided into six experimental groups of 20 members each
and one control group of 20, Each of the experimental groups received
one of the compressed tapes--three heard the normally compressed tapes,
and three heard the time-added compressed tapes. The control
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TABLE 10.1

ORIGINAL PRODUCTION TIMES AND COMPRESSED RE